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The Influence of Phase on Tone Quality and Loudness; the Interference of 
Subjective Harmonics 


E. K. CHAPIN AND F. A. FIRESTONE, University of Michigan 
(Received September 7, 1933) 


A strong 108 cycle fundamental and one of its harmonics 
were impressed on one ear in various relative phases and 
sound pressures. The tone quality and the loudness of the 
combination were found to depend on the relative phase 
of the two components. In a certain phase relation the 
loudness of the combination was 3.5 db less than the 
loudness of the fundamental alone; varying the phase 
changed the loudness of the combination by about 10 db. 
The above observations may be explained by assuming 


INTRODUCTION 


INCE the work of Helmholtz it has been 

widely accepted that the tone quality of a 
complex tone is independent of the relative 
phases of its harmonics. However, in order to 
explain the observed phenomena of masking, 
difference tones, and certain kinds of beats, it is 
necessary to assume that a sinusoidal sound 
pressure does not produce a sinusoidal motion at 
the cochlea; that the ear mechanism distorts the 
vibrations which it transmits. If this distortion 
really exists, we would expect both tone quality 
and loudness to depend on relative phase, for 
reasons explained below. This paper describes 
experiments which demonstrate these effects. 


that the ear mechanism distorts the pure components of a 
complex sound pressure, producing subjective harmonics 
which may either constructively or destructively interfere 
depending on the relative phases of the components. 
Some evidence was found in support of an assumption 
that the subjective harmonics due to a single low frequency 
pure tone actuating the ear, are in phase as cosine functions 
without epoch angles. 


HYPOTHESIS 


Before outlining the experiments, a simple 
hypothesis sufficient to explain the observed 
facts will be set forth. If we suppose that the 
eardrum and/or ossicles are nonlinear as regards 
their elasticity or damping, then the mathe- 
matical theory of nonlinear systems shows that 
if a simple harmonic sound pressure actuates the 
ear, the motion impressed on the cochlea will 
consist of a fundamental and a series of har- 
monics. These harmonics in the motion at the 
cochlea are called ‘‘subjective harmonics’ as 
they did not exist in the objective sound pressure 
which stimulated the ear. Since the motion in 
the cochlea cannot be observed except through 
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the sensation of hearing, it is necessary to 
demonstrate the existence of the subjective 
harmonics indirectly through experiments with 
combinations of tones, by masking,' beats, or 
experiments as described later. If two pure sound 
pressures simultaneously act on the ear, the 
motion at the cochlea will consist of a series of 
harmonics due to each tone plus a series of 
multiple sum and difference components. If the 
frequencies of the two pure actuating tones are 
related as a fundamental and a harmonic, as in 
all of the following experiments, then all of the 
sum and difference components will be of the 
same frequencies as the subjective harmonics of 
the fundamental actuating tone. Although the 
sum and difference components are of consider- 
able magnitude, for simplicity we assume that 
they have negligible effect on the resultant 
relative phases of the subjective harmonics under 
the special conditions described below as phase A 
and phase C. 

Fundamental assumption. The subjective har- 
monics in the motion at the cochlea due to any 
sound pressure component actuating the ear are in 
such relative phases that they may be represented by 
cosine functions without epoch angles. Although 
the subjective harmonics are of different fre- 
quencies we will say that they are in phase when 
we mean that they are related as cosine functions 
without epoch angles; this means that all such 
subjective harmonics have a maximum displace- 
ment at the same time, i.e., when ¢=0 and every 
period of the fundamental thereafter. Our 
assumption then states that the subjective 
harmonics of a single component of the sound 
pressure are in phase. 

If a sound pressure I cos nt is impressed on the 
eardrum, the above assumption states that the 
motion at the cochlea may be represented as 
I, cos nt, Iz cos 2nt, I; cos 3nt, etc. These relations 
are shown in Fig. 1, (a) where I represents the 
impressed sound pressure and I, I», Is, etc., 
represent the subjective harmonics. If a second 
sound pressure, II cos 2nt, of twice the frequency 
but in phase with I is impressed, its subjective 
harmonics may be written as II, cos 2nt, Il. cos 
4nt, II; cos 6nt, etc., the Roman numeral 
referring to the frequency of the impressed 


1 Wegel and Lane, Phys. Rev. 23, 266 (1924). 
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pressure and the subscript to the order of the 
subjective harmonic. This series of subjective 
harmonics is shown at (b), where the arrows 
pointing upward indicate that II), ITs, ete., are 
in phase with I). If I and II are simultaneously 
impressed on the ear in phase then, neglecting 
sum and difference components, there will be 
constructive interference between the subjective 
harmonics of II and the subjective harmonics of | 
having the same frequencies, as shown at (d), so 
that we would expect the combination to be 
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Fic. 1. Hypothetical phase relations of the subjective 
harmonics at the cochlea due to different phase relation- 
ships between a fundamental and a second harmonic sound 
pressure. 


louder and of different quality than before I] 
was added to I. If now II is changed in phase by 
x radians, II cos (2nt+7), its subjective har- 
monics will be represented by II; cos (2ut+7), 
II, cos 2(2nt+7), IIs cos 3(2nt+7), etc., as 
shown at (e). These subjective harmonics are in 
phase with each other,? but the odd numbered 


? That these expressions represent a series of motions in 
phase can be easily shown by substituting [¢=t’—7/2n] 
which will then make all terms be cosine functions without 
epoch angles. On first glance at (e) Fig. 1, it does not seem 
that II,, Ils, IIs, ete., are in phase as the arrows point in 
opposite directions, but it should be remembered that the 
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components are mw radians out of phase with I, 
and therefore with the corresponding member of 
the I series, so that if II is added to I in this 


phase relation the odd components of II will. 


destructively interfere with the corresponding I 
components and the resulting tone, as shown at 
(f), may be less loud than before II was added. 
However, if II is large it will more than neutralize 
Io, Is, Tio, etc., the resulting components 2, 6, 10 
may be large arrows downward, and the loudness 
of the combination even in this phase relationship 
will be greater than before II was added. 

The details of this hypothesis should not be 
taken too seriously, but it has served as a useful 
guide in planning experiments and is also suff- 
cient for explaining the results obtained. 


APPARATUS 


The tones used in this experiment were 
produced in one ear only by a 555 W receiver 
which was fed by one or more electrostatic 
inductor alternators. Each alternator* consisted 
of a gear rotating adjacent to an _ identical 
stationary gear mounted coaxially near it in such 
a manner that there was a periodic variation of 
electrostatic capacity between the two gears due 
to the passage of the teeth. The condenser thus 
formed by the two gears was polarized with 
about 100 volts and the alternating potential 
thus produced was amplified and put through a 
tuned circuit which rendered the wave form 
almost pure. Six such alternators, with fre- 
quencies related as harmonics, were mounted on 
one shaft and their amplified and_ purified 
voltages passed through separate attenuators to 
the one receiver. The stationary gear in each pair 


direction of these arrows represents the phase of a compo- 
nent relative to I,. If, for instance, the phase of I’ at (a’) 
should be advanced by an angle a@ ahead of I at (a), I,’ 
will be advanced by @ ahead of I; I2’, being of twice the 
frequency of I,’ and required by our assumption to stay 
in phase with I,’, will be advanced by an angle 2a ahead 
of 1,1; I,’ will be advanced by 3a, etc. (a’) therefore 
represents a series of subjective harmonics in phase with 
each other. If the angle of the mth harmonic is m times the 
angle of the fundamental, the harmonics are in phase. 
(e) therefore represents a series of subjective harmonics in 
phase with each other. (n), however, in Fig. 3 shows each 
harmonic lagging the one below it by 7/4. 

*One kind of electrostatic alternator is described by E. 
R. Lyon, Trans. Kansas Acad. Sci. 34, 244-247 (1931). 
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could be rotated slightly to secure phase shift of 
any harmonic relative to the fundamental. 

The receiver was connected to an earpiece by a 
tube 5.5 cm long and 1.8 cm in diameter having a 
side branch 5.5 cm long and 1.8 cm diameter 
leading to a condenser microphone. Thus at the 
comparatively low frequencies used in this 
experiment, the sound pressure at the ear and the 
purity of the acoustic pressures could be meas- 
ured by analyzing the voltage generated by this 
microphone. 


INFLUENCE OF PHASE ON LOUDNESS AND QUALITY 

Six tones, altogether, were used in these 
experiments. Each one was independently gener- 
ated, amplified, and controlled both as regards 
phase and sound pressure. The frequencies of 
these tones were 108, 216, 324, 432, 540 and 648 
cycles, respectively, constituting a harmonic 
series. The fundamental or 108 cycle tone, which 
we shall designate as tone I, was maintained at a 
sound pressure level of 104 db above 0.0002 
bars* in all experiments in which it was used. 
This is an above threshold level of about 60 db 
and a loudness level of about 96 db. The other 
five tones which we designate by the Roman 
numerals II, III, IV, V and VI, were combined 
one at a time with the fundamental with various 
phases and sound pressures. 

In the first experiment an observer was given 
the 108 cycle note (I) at a pressure level of 104 
db.‘ Having noted its loudness and quality he 
was asked to introduce enough of one of the 
harmonics, say II, so that its presence could be 
detected in the combined tone. He was then 
required to change the phase of the harmonic and 
report any changes in loudness and quality of the 
combination. If he wished he was permitted to 
change the sound pressure of the harmonic and 
try the effect of phase shift again. Out of about 
a dozen observers who made this attempt not 
one failed to report a change both in loudness and 
quality with phase shift, whenever the harmonic 
had a certain pressure level. The universal report 
also was that the minimum loudness condition 
was obtained with a definite setting of the phase 
shifter and that a different but still definite 


‘Throughout this paper the reference level for sound 
pressures is 0.0002 bars and the pressure level is 20 logio 
[p(in bars) /0.0002 }. 
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position of the phase shifter produced a maxi- 
mum loudness of the combined tone. The 
observers also reported a change in quality with 
change in phase, the minimum loudness condition 
being characterized by smoothness whereas the 
maximum loudness condition was more or less 
characterized by a rough or dissonant element 
which resembled somewhat the chirp of a 
cricket.’ This cricket sound is present to some 
extent when one listens to the fundamental only; 
it is enhanced by the presence of a harmonic in a 
certain phase and is diminished if the harmonic 
is in opposite phase. We were not able to find any 
objective characteristic of the sound pressure to 
which the cricket sound might be ascribed. It 
may be due to the presence of high subjective 
harmonics. Similar though less marked results 
were obtained with the combinations I vs. III, I 
vs. IV, and I vs. V. 

For the second experiment three observers 
were selected for a more detailed study of the 
phase settings characterized by maximum and 
minimum loudness. A record was kept of the 
phase settings made by each observer in adjusting 
for one or the other of the two loudness condi- 
tions. A large quantity of data was obtained over 
a period of several weeks by using different ears 
with all possible combinations of the tones II, 
III, IV and V paired one at a time with the 
fundamental. The averages of the settings made 
in this manner indicated, first, that all observers 
made app:oximately the same phase settings 
when adjusting for the minimum loudness con- 
dition with a given pair of notes. Furthermore the 
phase settings for minimum loudness were ap- 
proximately 180 degrees removed from those for 
maximum loudness. 

Having determined in the above manner the 
phase settings required to produce maximum or 
minimum loudness, a third experiment was 
conducted to determine the loudness change 
produced by changes in sound pressure of a 
harmonic with the relative phase held constant. 
Unknown to the observer, a harmonic tone such 
as II was set, sometimes to the minimum loud- 


5 Helmholtz, perhaps, noted a similar effect when, on 
using a large tuning fork, he heard a “‘clicking sound” 
which he attributed to the action of the three bones in the 
middle ear. Ellis-Helmholtz, Sensations of Tone, 4th 
edition, page 158. 
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ness phase which we shall refer to as ‘“‘phase 4” 
for short, sometimes to the maximum loudness 
phase, ‘‘phase C,’’ and sometimes to an inter. 
mediate phase condition which we designate as 
“phase B.’’ The observer was then given the 
fundamental 108 cycle note, I, at a pressure level 
of 104 db and was required to introduce the 
harmonic without disturbing the phase adjust- 
ment, increasing the sound pressure of the 
harmonic until he noticed a just perceptible 
increase or decrease in the loudness of the 
combination. The character of the change was 
noted together with the sound pressure level of 
the harmonic, which could be read directly from 
the attenuator. The observer would then increase 
the amount of the harmonic until another just 
perceptible change could be detected. Eventually 
an amount of harmonic was reached such that 
further increases in it invariably resulted in 
increased loudness, whereupon the test was 
terminated and a different pair of tones was 
tried. Graphs were now made of the data thus 
obtained by using the sound pressure level of the 
harmonic for abscissae and just perceptible 
increments in loudness for ordinates. Fig. 2 
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F1G. 2, Change of loudness of a 108 cycle fundamental of 
sound pressure level 104 db on adding various amounts of a 
second harmonic in three different relative phases. 


shows the composite curves for I vs. II obtained 
from three observers, each curve having been 
obtained by averaging the ordinates of 18 
separate curves. 

Several points may be noted regarding these 
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curves. They all start, perforce, from the loudness 
level of the 108 cycle note at 96 db. Curve C 
shows that when an observer is given the 216 
cycle note in combination with the 108 cycle note 
in the maximum loudness phase he reports 
increased loudness right from the start as the 
sound pressure of the 216 cycle note is increased. 
This is just what one would expect if one assumes 
that with this phase condition in the sound 
pressure actuating the ear, each of the seriés of 
subjective harmonics arriving in the cochlea due 
to II, is in phase with the equal frequency 
member of the series of subjective harmonics due 
to I. When, on the other hand, the observer is 
given the same two tones in a phase condition 180 
degrees from that of C, he reports at first 
decreasing loudness while increasing the har- 
monic tone up to a certain point, and then 
rapidly increasing loudness from there on. 
According to curve A a minimum loudness 
condition is reached when the harmonic tone II 
has a sound pressure level of 86 db. The loudness 
then amounts to four or five just perceptible 
decrements below the loudness level of the 108 
cycle fundamental. It was found by comparing 
the loudness of the combination in this state 
with the loudness of the fundamental alone, that 
the pressure level of the fundamental had to be 
reduced about 3.5 db, to have the same loudness 
as the combination. In this region of frequencies 
and pressure levels the corresponding loudness 
level change is also 3.5 db. In other words I at 
104 db had a loudness level of 96 db while I at 
104 db plus II at 86 db in phase A, had a loudness 
level of 92.5 db; in phase C the loudness level 
would be about 103 db, a total range of about 10 
db depending on the phase of the second 
harmonic. We thus have the curious result of two 
sounds that together are 3.5 db less loud than 
the lower frequency sound alone. 

These results are consistent with our hypothe- 
sis that with the sound pressures in the phase A 
condition, the odd numbered members of the 
series of subjective harmonics arriving in the 
cochlea due to II are 180° out of phase with the 
equal frequency members of the series of sub- 
jective harmonics due to I. The increase in 
loudness on adding a harmonic in phase C is 
always greater than the decrease in loudness 
when the same amount of harmonic is added in 
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phase A, as is shown in Fig. 2, because the phase 
C condition is one in which there is constructive 
interference between all subjective harmonics, 
while in phase A there may be destructive 
interference among the odd numbered subjective 
harmonics of the second tone but the even 
numbered ones will interfere constructively. Also 
the loudness is increased on adding a large 
amount of harmonic even in phase A because the 
subjective harmonics due to II become much 
larger than the corresponding subjective har- 
monics due to I with which they destructively 
interfere, so that each subjective harmonic with I 
plus II is larger than it was with I alone. 

It should also be noticed that the minimum 
loudness condition as represented by the point of 
inflection in the curve A is critical in two ways, 
for, if the intensity of the two tones be kept 
constant while the phase is shifted 180 degrees 
either way the loudness increases until a point on 
curve C is reached; while if phase A is kept 
constant the loudness of the combination in- 
creases for either increase or decrease of harmonic 
tone. The intermediate phase B condition was 
used primarily as a control and to prevent the 
observer from anticipating the phase setting with 
which he happened to be working. As might be 
expected curve B lies well between the other two. 
Similar curves were obtained with the combi- 
nations, I vs. III, I vs. IV, I vs. V. With these 
combinations, the loudness and quality changes 
were not so marked as with the I vs. II combi- 
nation. The dip in the A-curves for I vs. IV and 
I vs. V in fact amounted to but one or two just 
perceptible decrements. 

It was not possible with the apparatus as set 
up, to determine directly what the phase relation 
between the sound pressures of I and II was when 
the phase A condition was observed; there was, 
however, a certain amount of evidence, which 
will be presented below, to indicate that in phase 
A, I and II are related as cosine functions with 
epoch angles differing by 180°. 


PURITY OF THE TONES USED 


Since most students of the effect of phase on 
quality have concluded that such effects are 
absent or at best negligible, and, since many have 
traced supposedly genuine phase effects to the 
interference of objective impurities it may be well 
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to examine the evidence that bears upon this 
possibility in these experiments. If either or both 
of the tones I and II were impure, then results 
similar to those reported above could be obtained 
even though the ear were not overloaded. 

As was mentioned above, the sound pressures 
of all notes were measured at the ear by means of 
a condenser microphone and analyzer. The 
impurities in the notes were carefully measured 
and were found in every instance to have sound 
pressure levels at least 40 db below the funda- 
mental with the exception of the third harmonic 
of the 108 cycle note. This one was 38 db down. 
Now if the phase effects observed with tones I 
and II were due to interference of the objective 
second harmonic of I with the objective funda- 
mental of II, then the minimum loudness con- 
dition should have been obtained when the sound 
pressure levels of these two interfering notes were 
equal, i.e., with II at 64 db. An arrow has been 
placed upon the abscissa of Fig. 2 to indicate the 
amount of this impurity in the fundamental. 
But, as may be seen from the curves, when the 
balancing harmonic was at 64 db the observers 
could perceive only a small change in loudness 
from that of the 108 cycle note alone. Even phase 
shift at this point was scarcely noticeable. When, 
on the other hand, the amount of balancing 
harmonic was increased to 86 db, i.e., 22 db 
above the amount of impurity, the loudness of 
the combined tone dropped in the phase A 
condition to 4 or 5 just perceptible decrements 
below that of the 108 cycle note alone, while 
phase shift from A to C at this point resulted in a 
loudness increase of from 13 to 14 just perceptible 
increments. Similar observations were noted 
regarding the impurities in the other combi- 
nations. In every instance the amount of bal- 
ancing harmonic required for the minimum 
loudness condition was considerably in excess of 
the only impurity which could be suspected of 
being responsible for the effect. Furthermore, 
with II at 86 db so as to give maximum influence 
of phase on heard loudness and quality, there was 
no change, with changing phase, in the meter 
which was tuned to read the II sound pressure at 
the microphone. We conclude therefore that the 

effects observed were not due to impurities in the 
tones used. In fact, at these levels the ear is so 
badly overloaded and introduces such large 
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subjective harmonics that the requirements fo; 
purity in the sound pressures are not very severe. 


MEASUREMENT OF PHASE RELATIONS OF Sup. 
JECTIVE HARMONICS 


In order to get some fairly direct evidence as to 
the relative phases of the subjective harmonics 
due to one pure tone actuating the ear, let ys 
perform the following experiments. Balance [I] 
against I for minimum loudness as described 
above, see (g) and (h) Fig. 3. Next, without 
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Fic. 3. Experimental determination of phase relationships 
between subjective harmonics. 


changing the phase condition of II cut off I and 
balance IV against II for minimum loudness, see 
(h) and (i). Note the phase setting of IV, then 
cut off II and balance IV against I for minimum 
loudness, see (g) and (i). Compare the phase 
setting of IV in this instance with what it was in 
the other. According to the assumptions given 
above we should expect II; to be in phase with 
I,;. IV, should be out of phase with II, in the 
second balance and therefore also out of phase 
with I,. In the third balance IV, should again be 
out of phase with I, to yield minimum loudness 
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and hence the two settings of IV should be 
identical. Three observers made the phase ad- 
justments as described and averages were ob- 
tained for the two phase settings of IV. The 
diffe ence in the settings amounted to but 6.9 
degrees for one observer, 3.4 degrees for another 
and 7.0 for a third, thereby substantiating our 
hypothesis. 

The test for the phase relations can be made in 
another way. First balance II against I, (g)} and 
(h). Second, cut off I and balance VI against II, 
(h) and (j). Finally cut off II and balance VI 
against I, (g) and (k). According to the as- 
sumptions, in the first balance II; will be 180 
degrees out of phase with I,. In the second 
balance VI, will be 180 degrees out of phase with 
II; and therefore in phase with I,. In the third 
balance VI, will be out of phase with I, and hence 
the two settings of VI should differ by 180 
degrees. Experimentally, the difference in the 
averages for these two settings was 163 degrees 
for three observers. 

Still a third test may be attempted. Balance 
III against I, (g) and (1). Cut off I and balance 
VI against III, (1) and (m). Finally, cut off III 
and balance VI against I, (g) and (m) in the first 
case III, should be out of phase with I; but III, 
should be exactly in phase with I,. In the second 
balance VI, should be out of phase with III, and 
therefore also out of phase with I,. In the third 
balance VI, must be out of phase with I,. Both 
settings of VI therefore should agree. Experi- 
mentally the difference in the averages of the 
settings of VI differed by 33 degrees. 

The agreement of these tests with the as- 
sumptions is exceptionally good for the first but 
not particularly good for the second and third. 
It should be remembered, however, that the 
phase effect was found to decrease rapidly as the 
frequency ratio of the paired harmonics was 
increased. When working with VI against I as 
was done in the second and third tests, the phase 
effect was scarcely noticeable. Hence some con- 
siderable difficulty was experienced in adjusting 
for the minimum loudness phase and considerable 
variation was to be expected in the individual 
settings. The adjustment of phase settings for the 
combinations I vs. IV and I vs. II could be 
accomplished with much greater certainty and 


less individual variation. Hence the excellent 
agreement found in the first test. 

In order to explain the above experiments it 
would not have been necessary to assume that 
the subjective harmonics of a single tone are in 
phase (as cosine functions without epoch angles). 
For instance, in explaining the result of the 
experiment shown in (g), (h), and (i) we might 
assume that each subjective harmonic lags the 
one below it by an angle a, as shown at (n). 
(o) then represents the tone II in the minimum 
loudness phase and with each harmonic lagging 
the one below by angle a. It is seen that even this 
phase relation of the harmonics brings II, and I, 
into the same phase relation so that when IV is 
balanced against either (n) or (o) the same phase 
setting will be obtained; this was observed. If, 
however, the subjective harmonics had random 
relative phases, we would not expect II, and I, to 
be in phase. Also if the minimum loudness 
condition were not characterized by opposition 
of phase between II, and Is, Il, and I, would not 
be in phase. 

From the experiments described in this section 
we therefore conclude (1) that in the minimum 
loudness condition there is opposition of phase 
between II, and Is,° and (2) the subjective 
harmonics of a single pure tone are either in 
phase or there is the same phase difference 
between any adjacent pair of subjective har- 
monics. It was possible to decide between the 
latter two possibilities and to show that the 
subjective harmonics are in phase, by the 
following experiment. 

In measuring the purity of tone I, the ear end 
of tube which normally led from the receiver to 
the ear was plugged and the sound pressure was 
analyzed with the condenser microphone and 
electric analyzer. If this analyzer was tuned to 
the small real second harmonic which existed in 
the sound pressure when tone I was turned on, 
the analyzer meter could be run down to zero by 
adding a small amount of tone II in proper phase. 
This indicates destructive interference between 
the two sound pressures having the frequency II. 
But the surprising result was found that the 
phase setting on II to give this minimum meter 

‘Or, more generally, between the odd numbered sub- 


jective harmonics of the balancing tone and the corre- 
sponding subjective harmonics of the fundamental. 
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reading was approximately the same as the 
setting obtained when observers were asked to 
set the phase of II to give minimum loudness of 
the combination of I and II. This was a very 
disturbing result as it would seem to indicate 
that the phenomena observed were due to 
impurities in the tones used. Again the tests 
described on page 178 were performed, again 
showing that the effects heard were not due to 
impurities in the sound pressures. It was then 
found that the small harmonics in tone I were 
introduced by unavoidable distortion in a power 
amplifier tube which followed the filter, and 
theory showed that these harmonics are in phase 
(as cosine functions without epoch angles) in a 
resistance coupled circuit. No other relationship 
is possible. Therefore since the same phase 
setting of II (also III, IV and V) gave minimum 
analyzer meter reading and minimum heard 
loudness, the subjective harmonics of I must be in 
phase as cosine functions without epoch angles. 
We have assumed in this argument and in 
drawing the various figures, that the subjective 
harmonics are in phase with the sound pressures 
which produce them.’ It is possible, and at high 
frequencies probable, that there should be a 
phase lag in the transmission of the motion from 
7 The known fact that there is a binaural phase effect 
which, below 600 cycles, is useful in locating the direction 
of a sound would indicate that if there is any phase differ- 


ence between the sound pressure and the resulting sub- 
jective harmonic, this phase lag is the same for both ears. 
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the external ear to the point where the distortion 
is produced. This would make no difference in the 
outcome of an experiment as shown in (g), (h) 
and (i) but it would lead to random relative 
phases between I and II for minimum loudness, 
rather than the simple relationship which was 
observed. We therefore conclude that at low 
frequencies the subjective harmonics are in phase 
with the sound pressures which produce them or 
else the phase difference between the sound 
pressure and the subjective harmonics is pro- 
portional to the frequency. 


CONCLUSION 


The data of this experiment indicate that there 
is a perceptible change in the loudness and 
quality of two harmonic tones of low frequency 
and high sensation level when the phase relation 
of the tones is changed. With proper relation of 
the sound pressures of two harmonic tones it is 
possible to combine them in such phase relation 
that the loudness of the combination is less than 
that of the lower frequency component alone, 
The phase settings of low frequency paired 
harmonics in the minimum loudness condition 
are found to be in agreement with the assumption 
that the subjective harmonics are related as 
cosine functions without epoch angles. 

As the data supporting these conclusions are 
rather meager additional experiments along these 
lines are in progress. 
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INTRODUCTION 


TUDIES of horns in affecting the output and 
efficiency of a diaphragm as a sound radiator 
have been the subject of numerous excellent 
papers. Studies of the directional characteristics 
of horns have, on the other hand, been few, 
largely because of the experimental difficulties 
involved. The study of the directional character- 
istics of horns as radiators of sound is nevertheless 
very important, both because of the insight which 
it gives into the sound radiation process and be- 
cause of its practical applications. 

The directional radiation of sound from horns 
isa problem in diffraction. An aerial wave motion 
is set up at A (Fig. 1), and it is desired to find the 
resulting disturbance at B, due to the source at 
A and the rigid-walled horn. If the source at A 
is sustained and simple harmonic, we know that 
in the region near the mouth of the horn (Fresnel 


region) there will be maxima and minima de- 
pending both on the distance from the nfouth of 
the horn and the distance away from the axis. 
In this region it is possible to speak of thf: sound 
pattern of the horn, but not of its dirpctional 
radiation. However, as the point of obs§-vation 
is moved away from the horn and the Born ap- 
pears to contract into a point source, tlj: sound 
waves from it become nearly plane (Fraunhofer 
region). In this region the intensity of #ound in 
any direction, 6, away from the axis fal off in- 
versely as the square of the distance fom the 
horn. Here we may properly speak of tBe direc- 
tional radiation from the horn, becaufe for a 
given angle, @, the sound intensity at J§ bears a 
ratio to the sound intensity at a poing on the 
axis the same distance away from the hofn, which 
is independent of the distance from fhe horn. 
Investigations of the Fresnel patternsfof horns 


181 





FRAUNHOFER 
REGION 
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would be of great interest, but the experiments 
described in this paper are confined to the simpler 
Fraunhofer region. This is the chief region of 
interest in theater loudspeaker design, in sub- 
marine signalling, and in many wave problems in 
non-acoustical fields. 

Previous accurate investigations of the direc- 
tional radiation from horns, having been made at 
audiofrequencies, were usually performed out- 
doors, in order to avoid the errors due to reflection 
from the walls of a room. This method, however, 
was rather unsuitable for making an extensive 
investigation of the directional properties of 
horns, because of the expense of making the 
large number of horns needed, because of the 
cumbersomeness of the large apparatus used, and 
because of the difficulties of using it in bad 
weather. Therefore, such investigations were 
usually confined to measuring the directional 
properties of some horn of particular interest. 

The year before the present investigation was 
started, Professor G. W.. Pierce had measured the 
directional radiation of a piston radiator of 60 
kilocycles. It thus seemed feasible to make a 
supersonic investigation of the directional radia- 
tion from horns. Since the sound radiated from a 
horn in any direction is purely a diffraction phe- 
nomenon, its low frequency values can be deter- 
mined by making a smaller, geometrically similar 
horn and measuring its directional characteristics 
at a higher frequency, tf the wave-length of the 
sound is reduced in the same ratio as the linear 
dimensions of the horn. This will be called the 
principle of similarity.' With the aid of the 


1 The fact that it is the change in wave-length, not in 
frequency, which is important in the principle of similarity, 
is of interest in the application of the results of this paper 
to subaqueous sound signalling. Thus, due to the greater 
velocity of sound in sea water, the directional distribution 
of sound from a horn in sea water will be the same as that 
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principle of similarity, it should be possible to 
determine the directional properties of practical] 
horns at audiofrequencies by means of supersonic 
measurements on miniature horns. Of course, 
when viscosity (absorption) is an important fac. 
tor, and its effect varies with frequency, the 
principle of similarity will no longer hold. How. 
ever, viscosity was negligible in the experiments 
reported in this paper. 

The advantages of performing the investiga- 
tions supersonically are several. The horns are 
much smaller, and are easier and cheaper to 
make, and all of the apparatus is less cumbersome 
to handle. In order to avoid including harmonics 
and external noise in the measurements, a tuned 
microphone and amplifier system must be used, 
which is much more conveniently done by means 
of tuned circuits with variable air condensers at 
intermediate frequencies, than by means of 
filters at audiofrequencies. Finally, it turned out 
that the supersonic measurements had the addi- 
tional advantage that they could be made in- 
doors, in a padded room, without introducing 
appreciable reflection errors. 


DESCRIPTION OF THE APPARATUS 
A. General 


The apparatus used in these experiments was 
based upon the magnetostriction supersonic tech- 
nique developed by Professor Pierce.? As a source 
of sound, a magnetostrictive rod, driven by a 
magnetostriction oscillator, was used, the rod 
itself acting as the feedback device. The rod 
vibrated longitudinally and generated a plane 
wave of sound at the neck of a miniature horn. 
The frequency of the sound generated was deter- 
mined by the natural period of vibration of the 
rod, and was constant to within one-hundredth 
of one percent. 

As a microphone, a magnetostrictive tube, 
tuned to the rod, was used. This generated an 
e.m.f. in a pickup coil when a sound wave fell 
upon it, which was amplified by a 3-stage ampli- 


of the same horn operating in air at about one-fourth the 
frequency. 

2 Pierce, Proc. Am. Acad. 63, 1 (1928) and U. S. patents 
1,750,124 (1930); 1,843,299; 1,882,393; 1,882,395; 1,882,- 
397; 1,882,401 (1932): British 283,116, 313,031, 314,891 
(1929): French 649,796 (1928): German 554,399 (1928); 
568,253 (1933): Swedish 73,663 (1928). 
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MEASUREMENT OF 


fier, whose output was read on a vacuum tube 
voltmeter. The experiments were performed in 
a room 16% ft. long, 153 ft. wide, and 93 ft. high. 
The walls of the room were covered with absorb- 
ing material. The disposition of the apparatus is 
shown in Fig. 2. The radiator and microphone* 
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Ee 
Fic. 2. Arrangement of the apparatus. 


were both 55 inches above the floor and were 
about 6 feet apart. The radiator was on a revolv- 
ing platform, whose angle with the direction to 
the microphone could be read directly. The horn 
and its sound generating mechanism were sup- 
ported on a relatively open structure, sufficiently 
high above the rest of the sending apparatus so 
that very little reflection occurred from the 
latter. 

The measurements were made at 15,286 
cycles ‘sec. and 24,946 cycles/sec., so that the 
sound wave-lengths in air were 0.8850 inch and 
0.5421 inch. The horns had a maximum length of 
2 inches and a maximum mouth opening of 2 
inches. They were turned in a lathe from brass 
stock. Exponential, conical and parabolic horns 
were used. A picture of the horns and an assort- 
ment of the baffles used with them is shown 
in Fig. 3. 


‘The sound radiating device will be called simply the 
radiator, and the sound receiving device, the microphone. 
The terms transmitter and receiver will not be used; because 
in acoustics, due to the predominance of the telephone 
engineers’ work in this field, the term receiver is used for 
the radiator of sound and the term /ransmitter for the 
microphone, as in telephone work. This is contrary to 
what would be expected from the ordinary meanings of 
these words; so, in order to avoid confusion, they will not 
be used. 
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Fic. 3. An assortment of supersonic horns and baffles. 


B. Detailed description of the radiator 


A circuit diagram of the radiating mechanism 
is shown in Fig. 4, the power supplies not being 
shown. It is simply a magnetostriction oscillator 
circuit.4 The internal construction of the radiat- 
ing mechanism is shown in Fig. 5. 

The coils seen in the picture were L; and Ly» of 
Fig. 4. The magnetostriction rod, R, ran centrally 
between them, having about ;; in. clearance 
all around. The permanent magnet, /, supplied a 
polarizing field for the rod. The rod rested on a 
V-shaped groove in the support, S. The coils, and 
the rod and its support were all mounted in a 
carriage which was driven by the micrometer 
screw, Q. This enabled the rod to be placed any 
desired number of thousandths of an inch from 
the neck of the horn, 7. On the horn was mounted 
a baffle, B. The whole mechanism was enclosed 
in a quarter-inch-thick aluminum box, with 
milled edges, which acted as an electromagnetic 
shield for the oscillating electromagnetic field of 
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Fic. 4. Circuit diagram of the radiator. 


4 Pierce, Proc. Am. Acad. 63, 1 (1928). 
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Fic. 5. Internal construction of the radiator. 


the coils and also prevented sound from escaping 
from the rod except through the neck of the horn. 


C. Detailed description of the microphone and 
amplifier 

A circuit diagram of the microphone and ampli- 
fier is shown in Fig. 6. The microphone box con- 
sisted of a shielded, } in. thick, aluminum box 
in which there was a pickup coil, C, through 
which the pickup tube ran centrally with about 
7s in. clearance all around. The pickup tubes 
were hollow nickel tubes with 0.005 in. walls, and 
were 3 in. in diameter. They had flat, circular, 
gz in. thick, brass disks soldered into their 
ends. The tube in the box was polarized by the 
permanent magnet V/ (Fig. 7) and rested on the 
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V-supports, S; and S:.° The micrometer screw, 
R, allowed the tube to be moved forward to any 
desired position in the cavity, 7. When sound 
impinged upon the brass disk at the front end of 
the tube, it caused vibrations in the tube which 
generated an e.m.f. in the pickup coil. This e.mf, 
was carried through a 16 foot long, shielded cable 
into the input of the amplifier. 


OPERATING CHARACTERISTICS OF THE APPARATUS 
A. The radiator 


The sound output of the radiator, except at 


times when there was outside disturbance, was 


* The particular points at which the tube is supported 
have practically no effect upon its resonant frequency. 
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Fic. 6. Circuit diagram of the microphone and amplifier. 
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Fie. 7. Internal construction of the microphone box. 
so uniform that the reading of the output meter 
of the microphone amplifier was perfectly steady 
as closely as the meter could be read. (3 micro- 
ampere on a 200 microampere meter.) The 
steadiness of the vibration of the rod which this 
implied may largely be attributed to the stability 
of its support in the ;*; in. long, V-groove at its 
center (nodal point). The vibration of the rod 
also seemed steadier when damped by the large 
acoustical impedance of a horn than when vibrat- 
ing freely. The strength of the polarizing mag- 
netic field for stable oscillation seemed somewhat, 
although not very, critical. 

Extensive experiments showed that a } in. 
monel rod, coaxial with the horn, and having its 
face a few thousandths of an inch from the neck 
of the horn, gave the same directional distribu- 
tion as an arrangement using a rod of the same 
diameter as that of the neck of the horn. The 
latter, of course, generated as close an approxima- 
tion to a plane wave as could be obtained. Since 
the 3 in. rod gave a very steady sound output and 
was convenient to set up, it was the one used 
when taking the measurements. (Fig. 8.) 

In order to get the directional distribution of 
sound from a horn, the horn was mounted on the 
radiator box, the rod was moved up into position, 
and the circuit was tuned into oscillation. Then, 
after allowing the oscillator about 10 minutes to 
come to temperature equilibrium, the platform 
on which the radiator (including the oscillating 
circuit) was mounted was rotated to the various 


Fic. 8. Magnetostrictive rod in operating position at the 
neck of a horn. 
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angles at which the readings were taken. After 
readings at the desired angles were gotten, the 
radiator could be set at the same angles again and 
identical readings would be obtained. This 
showed that the sound output of the horn was 
constant throughout the original run. If the ap- 
paratus was turned off and later set up again, and 
a directional distribution curve of the same horn 
was taken, the relative variation of intensity with 
angle would be the same as the first time, but the 
sound intensity level would usually be somewhat 
different. 


B. The microphone and amplifier 


There were two principal sources of error in the 
early work with this apparatus, which had to be 
reduced in the ultimate design of the microphone 
and amplifier. One was electromagnetic pickup 
between the radiator and microphone systems. 
The other was the effect of reflection from the 
walls of the room. 

Naturally the first step taken to reduce electro- 
magnetic pickup was to shield as completely as 
possible both the radiator and the microphone 
systems. Then in order to increase the acoustic 
sensitivity of the apparatus, the radiating rod 
was carefully tuned to the microphone tube, and 
the microphone tube was placed in a resonating 
cavity. (See Fig. 9.) By increasing the acoustic 
sensitivity in this way, it was possible to reduce 
the necessary amplification to such a point that 
electromagnetic pickup could no longer be de- 
tected on the output meter in any of the meas- 
urements. 

Reduction of the errors due to reflection could 
not be done so completely. Fortunately, the 
original error was small compared to what would 
be experienced in a padded room in the middle of 
the audiofrequency range. This was due to the 
fact that the room padding apparently had a 
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Fic. 9. The resonating cavity. 
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smaller reflection coefficient at the very high 
frequencies. The means taken to reduce what 
reflection effects remained, was to make the 
microphone as directional as possible; so that its 
sensitivity to sound coming directly from the 
radiator was much greater than its sensitivity to 
sound reflected from the walls. This was done 
with the aid of the same resonating cavity, shown 
in Fig. 9. Since the diameter of the cavity was of 
the order of the wave-length of the sound in air, 
it did not resonate to sound coming at right angles 
to the axis of the tube and so caused the micro- 
phone to be much less sensitive to sound coming 
from this direction. In fact, even the tube with- 
out the cavity was quite directional as a sound 
pickup device, because sound coming at right 
angles was not in phase across the face of the 
tube. In Fig. 10 are shown directional character- 
istics of the microphones used. Ultimately, re- 
flection errors were not serious except at large 
angles away from the axes of the horns measured. ° 
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Fic. 10. The response curve of the 25 kc microphone is 
shown to the left of the axis, and that of the 15 kc micro- 
phone to the right. 

















® As evidence of the elimination of the reflection and 
electromagnetic pickup errors may be given the fact that 
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Each stage of the amplifier tuned separately 
and sharply; although the input circuit practi- 
cally did not tune electrically, because of the 
damping of the magnetostriction tube. With the 
amplifier in tune, plus the sharp mechanical 
resonance of the magnetostriction tube, the sys- 
tem was very selective. This prevented unde- 
sirable external noise and harmonics from being 
picked up. The input attenuator allowed a sound 
pressure range of 10,000 to one to be measured, 
considering the range of the output meter. The 
change in gain of the amplifier with tuning in- 
creased this range to over a million to one. 

It is interesting to note that the apparatus 
could be used to show the maxima and minima in 
the diffraction pattern of a straight edge by moy- 
ing a large board across the path of the sound 
beam. In fact, if a large enough room were 
available so that a sufficiently plane wave of 
sound could be obtained, the measurements of 
the intensities in all of the classical Fraunhofer 
diffraction patterns could be obtained more 
easily and possibly more accurately than by 
means of photographic photometry. 


C. Calibration 


The vacuum tube voltmeter, the amplifier, and 
the attenuator were first calibrated by electrical 
methods, at the frequencies and over the voltage 
ranges at which they were to be used. It was then 
shown by an extensive investigation, made 
ultimately with the aid of the inverse square law, 
that the e.m.f. generated by a magnetostrictive 
microphone was accurately proportional to the 
sound pressure of an impinging sound wave. The 
possibility of checking the inverse square law 
indoors was due to the directionality of the 
microphone and the large absorption coefficient of 
the wall covering. In order to save space the 
calibrations are not recorded here, but the meth- 
ods used as well as the calibrations may be found 
in the author’s thesis deposited in the Harvard 
University Library. 







DESIGN OF THE HORNS 
In these experiments exponential, conical, 
parabolic and asymmetrical-conical horns were 


a full scale deflection of the output meter (200 divisions) 
could be reduced to zero by a man standing in the path 
of the sound beam between the horn and the microphone. 
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used, a picture of them having previously been 
shown in Fig. 3. They were of such dimensions 
as to have similar directional properties to those 
of practical horns at audiofrequencies. ; 
The exponential horns were ten in number and 
were made in two series. As the prototype of each 
series was a horn two inches long, and the other 
members of the series were sections of this original 
one. In Fig. 11 are shown the prototypes of each 
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Fic. 11. Horn contours. The contour in the upper left 
position shows the length, neck and mouth dimensions of 
10 horns (the 4 series), 5 exponential and 5 conical. The 
contour in the upper central position shows the length, 
neck, and mouth dimensions of 12 horns (the B series), 6 
exponential and 6 conical. The stars on the lower curves of 
the exponential contours indicate the points of maximum 
curvature to be discussed in a footnote later on. 


series, and the various sections representing the 
other horns are indicated. The horns were circular 
symmetrical about their axes. For each exponen- 
tial horn, there was a conical horn having the same 
length, and the same neck and mouth diameters. 

Each horn was designated by a name which 
was descriptive of it. Thus Horn #A1E was ex- 
ponential horn #1 of the A series. Horn #A1C 
was the conical horn, having the same length, 
neck, and mouth dimensions as Horn 2A1E£, and 
so on. For future reference, it may be noted 
that the neck-openings of the parabolic horns co- 
incided with the focal planes, and that the un- 
symmetrical horns were sections of 2A1C cut off 
at oblique angles. 


Horn DaTA AND CURVES 
A. Independence of the material of the horn 


A plaster horn was made of the same shape as 
horn $A1E. In Table I we have a comparison of 
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TABLE I. 





Sound 
Pressure 
Horn 
ZA1E 


Sound 
Pressure 
Horn =1 
plaster brass 
25 ke 25 ke 

0 100 100 
5 96.1 95.2 
10 84.0 86.9 
15 73.3 74.7 
20 62.8 62.1 
25 46.6 48.3 
34.0 


Sound 
Pressure 
Horn #1 


plaster 
25 ke 


24.8 
21.9 
18.2 
15.7 
11.1 
10.4 


Angle 











the sound radiated by them at various angles 
out to 60° away from the axis. The sound pres- 
sure radiated along the axis is arbitrarily set 
equal to 100, and the other values are just per- 
centages of this. As seen from the table, the 
agreement is as good as can be expected, con- 
sidering the errors in the dimensions of the plaster 
horn and the effect of its baffle, which can be 
seen in Fig. 3. This indicates that the material 
of a horn has no effect on its directional charac- 
teristics, if both materials are practically com- 
plete reflectors. 


B. Independence of distance from the source 


In the Fraunhofer region, in which all the 
measurements given in this paper were made, the 
directional distribution of sound should be inde- 
pendent of the distance from the source. To test 
this, the directional patterns of Horn #A1C at 
15 kilocycles and of Horn #DI1C at 25 kilocycles 
were measured at three different distances from 
the source. The results are shown in Table II. It 
is seen that the directional patterns are really 
the same, within the limit of experimental error, 
out to angles at which reflection of the room 
starts to cause an appreciable error. 


C. Test of the principle of similarity 

Horn #D1C was exactly similar to Horn 4A1C 
only its dimensions were reduced in the ratio 
0.5421 /0.8850, which was also the ratio of the 
wave-lengths used. Therefore Horn #D1C at the 
high frequency should have had the same 
characteristics as Horn #A1C at the low fre- 
quency. In Table III is shown a comparison of 
these directional characteristics. In the same 
table are given the data for #D1C at the low 


















































TABLE II.’ 
Sound Pressure 
Horn 2D1C (25 kc) Horn 2A1C (15 kc) 
Angle 45 in. 73 in. 104 in. 45 in. 73 in. 104 in. 
0 100 100 100 100 100 100 
5 94.2 95.0 96.3 95.2 94.5 95.5 
10 80.0 81.7 82.0 78.0 78.5 80.0 
15 58.2 60.9 61.5 58.4 58.8 59.6 
20 40.3 41.8 41.2 37.9 40.0 40.0 
25 27.8 2p a eS 24 #2i2 27:3 
30 4 le Me 7 21.6 20.6 21.8 21.8 
35 20.4 21.0 20.2 21.1 22H = F1A 
40 18.6 19.6 18.9 216 280 217 
45 18.8 19.4 19.4 18.9 19.6 19.1 
50 iZ.2 18.4 18.4 14.1 15.4 14.1 
55 13.4 14.7 13.9 12.1 11.4 11:7 
60 | 10.4 10.8 10.6 10.9 7.6 10.0 
TABLE III. Vest of the principle of similarity. 
Sound Pressure 
Horn Horn Horn Horn 
=D1C 2DiC SAIC AIC 
Angle (15 kc) (25 kc) (15 ke) (25 ke) 
0 100 100 100 100 
5 97.9 95.2 95.1 88.8 
10 93.7 81.2 78.8 59.5 
15 84.6 60.2 58.9 $5.2 
20 70.5 41.1 39.3 31.6 
25 54.7 27.6 26.6 29.3 
30 41.9 22.1 21.4 17.4 
35 34.3 20.5 21.4 10.2 
40 26.8 19.0 21.4 10.7 
45 20.7 19.2 19.2 10.5 
50 13.9 18.0 14.5 6.8 
55 8.8 14.0 11.7 3.0 
60 3 5 4.8 


6.3 10.6 9, 








frequency and #A1C at the high 
comparison stand out more clearly. 

The central columns are obviously similar both 
as regards absolute values and trend of the 
changes of value in going from one angle to 
another. At the larger angles the values begin to 
diverge, not because of failure of the principle of 
similarity, but rather because effects of the shape 
of the radiator box and of reflection of the room 
(for both of which there is no similitude between 
the two horns) begin to become prominent. We 
may therefore conclude that the data check the 


to make the 


* Horn 2A1C at 15 kc is of such dimensions that it has 
the same directional characteristics as Horn 2D1C at 25 
kilocycles, according to the principle of similarity. This is 
the reason that all six columns are pretty much alike. 

’ The values in the second and third columns are 


averages of the values for the three different distances of 
Table II. 
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principle of similarity within the limits of ex. 
perimental error. 


D. Directional characteristics of exponential] 
and conical horns 

In Figs. 12-15, curves are given showing the 
properties of exponential and conical horns. In 
these curves, sound pressure is plotted against 
angle. The plotted values have all been normal- 
ized so that sound pressure along the axis is set 
equal to 100. The sound pressure for any angle 
is then just the percentage of the pressure along 
the axis. 

The calibration of the apparatus allowed such 
relative values of sound pressure to be measured, 
but gave no idea of the absolute magnitudes. 
Also, the curves do not show the relation between 
the absolute values of the sound radiated by two 
different horns, or even of the same horn with 
and without a baffle. Because of the difference in 
effect on the oscillating circuit of the different 
acoustic impedances of the various horns and 
due to the variation in the feedback through the 
rod as the freedom of its support changed be- 
tween runs, the sound pressure at the neck of the 
horn could not be kept the same from one run 
to another. Therefore, no attempt is made in this 
paper to compare intensities radiated from 
different horns. 

All that was definitely known was that during 
a single run the sound pressure at the neck of the 
horn was kept constant and that the microphone 
system was calibrated to measure relative values 
of sound pressure. This allowed the directional 
distribution of sound radiated from a horn to be 
measured. That these directional distribution 
curves were genuine was attested by the fact that 
they were repeatable under various conditions of 
intensity, distance between source and micro- 
phone, position in the room, or change of the 
vibrating rod. Furthermore, for all of the circular 
symmetrical forms, the directional distribution 
was symmetrical about the axis, as it should 
have been. 

Since measurements more than 90 degrees 
away from the axis were unreliable, and since 
symmetrical horns gave symmetrical directional 
characteristics, the curve for each symmetrical 
horn under a certain condition is usually con- 
fined to one quadrant, the points in the figures 
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Fic. 12, Directional characteristics of the A series of exponential horns and their analogous conical horns at 25 ke and 


15 kc. (See Table IV.) 
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13. Directional characteristics of the B series of horns. (See Table V.) 
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TABLE IV. 
das ke = 0.5421 inch Aus ke = 0.8850 inch 
en 5 ss 
Horn AE A1C A2E A2C A3E A4C 
Type Expo- Conical Exp. Con. Exp. Con. 
nential : 
Length 2.000 in. 2.000 in. 1.500in. 1.500 in. 1.000 in. 0.500 in. 


Neck diameter 0.200 ‘* 0.200 ** 0.200 * 0.200 * 0.200 ** 0.200 “ 
Mouth diameter 2.000 * 2.000 * 1.127 “ 1.127 * 0.636 “ 0.356 * 





—— — 

(Horns A3E and A4E do not have enough curvature to give direc- 
tional characteristics which are sensibly different from those of their 
analogous conical horns. Consequently, only the curves of one or the 
other are shown in the figure and these are shown on both sides of the 
axis.) 











TABLE V. 
——$—$——————— A = 2 —————————-——+ 
hos ke =0.5421 inch Ais ke =0.8850 inch 
Horn BIE BIC BE Br B3E BAC 
Type Expo- Conical Exp. Con. Exp. Con. 
i nential 
Length 2.000 in. 2.000in. 1.500in. 1.500 in. 1.000 in. 0.500 in. 


Neck diameter 0.100 “* 0.100 * 0.100 * 0.100 * 0.100 ** 0.100 
Mouth diameter 2.000 ‘‘ 2.000 ** 0.948 “ 0.948 “ 0.447 “ 0.211 “ 








being obtained by averaging the values on op- 
posite sides of the axis of the original data. In this 
way it is possible to show many curves on the 
same sheet for better comparison, without, at the 





Fic. 14. Directional characteristics of the exponential 
horns (used with large baffles). The response curves for 
Horn A1£ and B1E are so nearly congruent with those of 
their mouth end sections, Horns A5E and B5F, that it is 
often not possible to distinguish between them. (See Fig.11 
for the specifications of the horns.) 
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Fic. 15. Cartesian diagram of a comparison between the 
directional characteristics of the horns with two inch 
mouths (used with large baffles), and those of a two inch 
circular piston. The curves show that the deviation from 
piston radiation increases with the rate of flare of the horn 
at its mouth. 


same time, making the curves unreadable. Thus 
in all the following figures, 25 kilocycle curves 
are given in the upper two quadrants and 15 
kilocycle curves in the lower two. Also, curves in 
the left quadrants usually represent character- 
istics of an exponential horn, and curves on the 
right, characteristics of the analogous conical 
horn. In each case, the horn, whose character- 
istics are shown in a particular quadrant, is 
clearly indicated in the diagram in large letters. 


THEORY OF DIRECTIONAL CHARACTERISTICS AND 
ADDITIONAL DATA 

A. General 

It is not the purpose of this paper to give an 
extensive mathematical discussion of the theory 
of directional characteristics. However, it is 
possible to give an elementary interpretation of 
all the directional properties of the symmetrical 
horns used in these experiments, which, ac- 
cordingly, will be given. The action of a horn is 
to cause a certain wave surface of velocity poten- 
tial at its mouth (Fig. 16). Now according to 
Huyghen’s principle, the velocity potential at 
any point, B, can be calculated from the proper- 


[WA VE 
SURFACE 


Fic. 16. 
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ties of this wave surface. In particular, if the 
horn is in an infinite plane baffle, the velocity 
potential at B is 


= —(1/20) SS (d¢/dn)(e~**/r) dS 


where 0¢/0n is measured in the plane of the 
baffle, and r is the distance of B from the point at 
which 0¢/dn is measured. Also k=27,\. This 
integral would be the starting point of the mathe- 
matical theory of directional characteristics, but 
since as shown by investigations of Hoersch® and 
Hall’® the wave surfaces of a horn are not simple, 
the evaluation of 0¢/0n would be quite a prob- 
lem in itself and will not be continued here." 

It is obvious, however, that a long parabolic 
horn, because of its optical properties, will have 
an approximately plane wave surface at its 
mouth, if the source is placed at its focus. There- 
fore the directional pattern of such a long para- 
bolic horn with a large baffle should be practically 
the same as that of a circular piston radiator of 
the same diameter as the mouth of the horn. The 
latter can be computed theoretically according to 
the well-known formula 


sound pressure at @=[2J,((27R sin 8) /d) ]/[(27R sin 0)/d]. 


In this equation, R is the radius of the piston, J; 
is Bessel’s function of the first order, and 2 is a 
normalization factor making the sound pressure 
unity along the axis. 

In Table VI, there is a comparison between the 
experimentally determined directional pattern of 
the longer parabolic horn at 25 ke and the calcu- 
lated pattern of a circular piston whose diameter 
is equal to that of the mouth opening of the horn. 
As seen from the table, the agreement is very 
striking at small angles. Of course, due to the fact 
that the wave surface is not truly plane, the 
minima do not go down to zero. As might be ex- 
pected, for the shorter parabolic horn at the lower 
frequency the agreement with the circular piston 
is not so good. 

The numerical agreement between the values 


® Hoersch, Phys. Rev. 25, 218 (1925). 

10 A, Hall, J. Acoust. Soc. Am. 3, 552 (1932). 

1K. Sato, Jap. J. Phys. 5, No. 3, 103 (1929), has been 
able to give a general solution for the problem of the 
conical horn, by starting directly from the wave equation 
and assuming boundary conditions which are certainly 
very nearly true for large conical horns. 
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TABLE VI. Comparison between the experimentally deter. 
mined directional pattern of Horn 2CI1P at 25 kc and 
the calculated pattern of a circular piston whose 
diameter is equal to that of the mouth 
opening of the horn. 
—————————— 
25 Kilocycles 
Relative sound pressure 





Horn #C1P Horn =C1P 
(with 6 Equiva- (with 6 Equiva- 
5/8 inch lent 5/8 inch lent 
Angle baffle) piston Angle baffle) _ piston 
sistant aise aieantandaeaeniakicehentcianedilaniadaititananiiaes iniiduiadabiamne 
0 100 100 45 13.6 13.1 
5 93.7 94.8 50 12.2 11.4 
10 80.1 80.6 55 9.9 8.6 
15 58.6 60.6 60 7.4 a3 
20 Ki 38.4 
65 4.6 2.6 
25 19.1 18.2 70 2.4 4 
30 7.2 2.7 75 2.3 1.2 
31 5.3 0.0 80 2.6 22 
35 9.1 Pe. 85 Fa 2.9 
40 12.6 12.3 90 1.8 3.2 
43.2 13.7 13.2 








of #C1P and those of a circular piston is an addi- 
tional check of the calibration of the measuring 
apparatus, and of the linearity of a magneto- 
striction tube as a sound pickup device over a 20 
decibel range. 

In proceeding from the consideration of para- 
bolic horns to that of conical horns and then to 
exponential horns, the wave surfaces become 
more and more convex. As the wave surfaces 
become more convex. the radiation should tend 
to spread out. That this is really so is illustrated 
by the curves in Fig. 15. 

For a given wave-length, the directional pat- 
tern of a horn is largely a property of the geom- 
etry of its mouth end. Accordingly, the mouth end 
sections (#A5E, #B5E, #B6E) of the exponential 
horns were found to have almost exactly the same 
directional patterns as the prototypes #A1E and 
+B1E when all were used with large baffles. It was 
also found that there was only a difference be- 
tween the directional characteristics of an ex- 
ponential horn and its analogous conical horn if 
the former had a sufficient flare to make an ap- 
preciable difference in the shapes of the respective 
cavities. Furthermore, it was found that the 
radiation from a horn is less directional the 
smaller the mouth opening and the longer the 
wave-length. 

All this is exactly what would be expected from 
general diffraction considerations, and fits in 
very well with the data for the large mouthed 
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horns. However, the small mouthed horns (2A 3£, 
444K, 2B3E and #B4E or the equivalent 4A 3C, 
4 AAC, #B3C, and #B4C) show apparently anom- 
alous maxima and minima. (See Figs. 12 and 13.) 
The explanation of these is that they are diffrac- 
tion effects of the radiator box.” In the small 
mouthed horns, there is a great deal more radia- 
tion at large angles. Therefore, one would expect 
diffraction by the radiator box to have more 
effect in this case. It must be remembered that 
the radiator box is in the Fresnel zone where one 
is not dealing with beam radiation. A diffraction 
pattern of the radiator box is superimposed on 
the pattern of the horn itself. This diffraction 
pattern is coherent with the direct radiation 
from the horn, and may thus cause maxima and 
minima which are neither in the pattern of the 
box nor of the horn considered separately. It will 
be noticed that all horns of the same length have 
these maxima and minima similarly placed, ir- 
respective of the size of the mouth diameters of 
the horns, provided the horns are used with the 
same baffle at the same frequency. Since horn 
length and baffle size are the controlling influences 
in determining the phase difference between the 
direct radiation from the horn and the diffrac- 
tion pattern of the radiator box, this is just what 
one would expect, if the maxima and minima are 
an effect of the radiator box. 

In order to make sure that this was the correct 
explanation, the radiator box was covered with 
absorbing material. In this condition, the max- 


2 Reflection from the walls of the room was ruled out 
as a cause of these maxima and minima, because they were 
symmetrically located about the axis of a symmetrical 
horn, despite the fact that the apparatus was completely 
unsymmetrically situated in the room. Furthermore, the 
preliminary experiments had shown reflection from the 
walls to be of a much smaller order of magnitude. 

The mounting of the rod was such that forced vibrations 
of the walls of the horn were most unlikely. However, as a 
test, a solid wooden baffle was made of exactly the same 
dimensions as the solid brass baffle. (See Fig. 3.) When 
used with the horns, the wooden baffle gave exactly the 
same effect as the solid brass baffle. This showed that the 
effect was a geometrical one, and was not due to transverse 
vibrations. The solid baffles may be seen in Fig. 3. Al- 
though solid baffle curves are shown only for B3E, they 
were taken for all horns of 1’’ length. The solid and open 
23’ baffle curves showed considerable difference in every 
case, but the solid brass and wooden baffles always gave 
exactly the same results. 
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ima and minima were greatly reduced. Then a 2 
foot square baffle of sheet aluminum was mounted 
on Horn #A4C, and its directional pattern was 
measured under these conditions. It was found in 
this case to give very nearly piston radiation, as 
shown in Table VII. 


TABLE VII. Comparison of the radiation of Horn 2A4C at 
25 ke (with 24'' baffle) with that of a circular piston 
whose diameter is the same as that of the 
mouth of the horn. 


Sound Pressure 


Calculated 
Angle Measured for piston 
0 100 100 

5 99.6 99.4 
10 97.7 98.5 
15 96.4 96.5 
20 90.1 93.8 
25 89.8 90.9 
30 83.3 87.4 
35 83.3 83.5 
40 75.4 79.8 
45 75.6 75.7 
5 73.7 71.9 
55 64.8 68.4 
60 60.2 65.3 
65 57.6 62.2 
7 60.2 59.8 
7 53.4 58.1 





B. Exponential horns 


The directional properties of most of the ex- 
ponential horns are shown in Fig. 14. We see that 
all those of a series whose generating elements in- 
clude the point of maximum curvature™ have 
about the same directional properties, and that 
these directional properties differ but slightly at 
25 ke and 15 ke. The latter indicates that the 
directional properties of exponential horns 

‘8A circular symmetrical exponential horn may be 
considered as being generated by the revolution of the 
curve 

y= yoe™ /2)x 


about the x-axis. The curvature of this curve is zero at 
+ and —~« and is a maximum when y=2!/m. If the 
generating element of a finite exponential horn does not 
include this point of maximum curvature, the horn is 
fairly similar in shape to a conical horn. Thus the char- 
acteristic properties of exponential horns will be shown 
most clearly by horn sections whose generating elements 
include this point of maximum curvature. The points of 
maximum curvature of the horns used in these experiments 
are indicated by stars in Fig. 11. 
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Fic. 17. Directional characteristics of horn S$A1CX at Fic. 18. Directional characteristics of horn 2A1CY at 
25 ke and 15 ke. 25 ke and 15 ke. 
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change only slowly with frequency. However, the beyond 90°. This may be explained, in a general 
data of these experiments are as yet too meager way, as the reflection into the forward hemisphere 
on this point, and further investigation with of sound which would otherwise have gone to the 
greater changes of the variables involved will be _ rear. Since most of the radiation to the rear (with 
necessary before definite conclusions can be no baffle) would have been directed to angles not 





drawn. much greater than 90°, the baffle increases 
especially the radiation to angles not much less 

C. The effect of baffles than 90°. 
The effect of a baffle on directional character- Another way of looking at the effect of baffles 










istics is only important for the small mouthed is from the standpoint of the reciprocal theorem. 
horns, that is when there would otherwise be !t may readily be proved with the aid of Helm- 
considerable radiation in the backward hemi-  holtz’s theorem of reciprocity" that the Fraun- 
sphere. In the particular cases in these experi- hofer directional characteristics of a horn, whose 
ments when there was considerable diffraction by eck is small compared with the wave-length of 
the radiator box, the effect of a baffle was very the sound used, will be the same whether the 
marked; both because it decreased the amount _ horn is used as a radiator or a receiver of sound. 
of the diffracted sound and because it changed As a receiver of sound, the horn will not show 
the phase difference between the direct and pressure doubling at large angles (i.e., the sound 
diffracted sound. Leaving out of account this dif- Will just be diffracted around it) unless it has a 
fraction bv the radiator box. the effect of a baffle. Thus its sensitivity to sound from angles 
hale ts to increase the radiation to large angles, far from the axis, but less that 90° will be in- 
but less than 90°, and to decrease the radiation 4 Rayleigh, Theory of Sound, Vol. II, p. 145. 
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creased by a baffle. Consequently, as a radiator, 
the horn will also radiate more sound in these 
directions, if it has a baffle. 


D. The asymmetrical horns 


As regards the asymmetrical horns, there is a 
gradual but continuous trend from a symmetrical 
directional distribution to an asymmetrical one 
as the horn is turned from the symmetrical posi- 
tion (90° position) to the position of greatest 
asymmetry. (0° position.) (See Figs. 17 and 18.) 

The zero degree position curves of Fig. 18 are 
very similar to those of Fig. 17, only they are 
rotated about 243 degrees away from the axis. 
This is just the amount that the axis of Horn 
4A41CYis rotated away from the normal to its 
face. (See Fig. 19.) We may consider Horn #A1CY 
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Fic. 19. Diagrammatic drawing showing the relation 
between the directional characteristics and the dimensions 
of the asymmetrical horns. 
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as being similar to Horn #A1CX, only the sound 
entering at its neck enters at an angle 243 degrees 
away from its axis. The similarity of the re- 
sponse curves then shows that the angle at which 
the sound wave enters is of little consequence. 
This is to be expected if the neck diameter is small 
in comparison with the wave-length, because the 
phase is then approximately constant across the 
neck.!® 

The small response of Horn #A1CY in the 90° 
position is due to the fact that, because of the 
geometry of the arrangement, the axis of the 
horn was never pointing in the direction of the 
microphone, in this position. The secondary loop 
in the response curve on the short side of the 
axis of the horns at 15 kc is probably a diffraction 
effect of the radiator box. Of course, the above is 
only an introduction to the study of asym- 
metrical horns. 


CONCLUSION 

In the research which has been described in this 
paper, the supersonic method for measuring the 
directional characteristics of horns has been de- 
veloped to a practical point. The directional 
properties of a variety of horns have been found, 
and a qualitative explanation of them has been 
given. 

The writer wishes to express his appreciation 
to Dr. Harry F. Olson for valuable discussions 
and information, and to Mr. A. Noyes for help in 
acquainting him with the magnetostriction 
technique. 

In conclusion, he wishes to thank Professor G. 
W. Pierce, without whose development of the 
magnetostriction-supersonic technique this re- 
search would not have been possible, for many 
valuable suggestions. 


15 These results indicate that in the case of curled horns, 
the directional distribution will not be affected by the 
curling if the diameter of the horn at points where the 
curling occurs is small in comparison with the wave-length. 
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Filtration of Elastic Waves in Solid Rods 


R. B. Lrxpsay, Brown University 
(Received August 26, 1933) 


The theoretical studies previously made on the filtration 
of compressional waves in solid rods by Lindsay and White 
have been extended to the case of torsional waves in a rod 
and of compressional waves in rods having solid rods for 
side branches. If an infinite cylindrical rod is loaded at 
equal intervals of length 2/ with disks (having planes 
perpendicular to the rod) of mass m and moment of inertia 
I about the axis of the rod, the resulting structure is found 
to act as a low-pass filter for torsional waves. The trans- 
mission bands are given by the condition +1 2cos W2—1, 
where 

cos W=cos 2kl—wI/za‘poc-sin 2k. 


Here k=w/c=2zv/c, where v is the frequency of the 
waves. The velocity of propagation c=(u/po)!, where 
u=rigidity modulus and po is the mean density of the rod. 


I. FILTRATION OF TORSIONAL WAVES IN 
SoLip Rops 


N a recent paper! some theoretical studies 
were made on acoustic filtration in solid rods. 
These considerations are now extended to two 
further problems. The first of these is the case of 
torsional waves. 

Suppose an infinite cylindrical metal rod is 
loaded at equal intervals of length 2/ with heavy 
disks (with planes normal to the rod) of mass m 
and moment of inertia I about the axis of the rod. 
Let the latter be the x axis and let 6@(x, t) denote 
the twist of the rod at any time ¢ at distance x 
from some chosen origin. Fig. 1 presents a 
schematic diagram. The subscripts 1, 2, 3, 
will refer to quantities taken at mid-branch 
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1R. B. Lindsay and F. E. White, J. Acous. Soc. Am. 4, 
155 (1932). 


The radius of the rod is a. For given J, increase in / de. 
creases both the cut-off frequency of the first transmission 
band as well as the upper limit of the first attenuation band, 
For given /, increase in J decreases the cut-off frequency, 
There is next considered the case of an infinite cylindrical 
rod loaded at equal intervals of length 2/ with perpen- 
dicular side rods of length /,. The approximate assumption 
is made that longitudinal compressional waves in the main 
rod set up transverse flexural waves in the side rods, 
Calculation indicates that if the side rods have free ends 
the structure acts as a low-pass filter for compressional 
waves in the main rod. If on the other hand the side rods 
have rigidly clamped ends, the structure under suitable 
choice of dimensions (in particular ///,>>1) can act asa 
high-pass filter. Numerical illustrations are given. 


points. The subscripts 12 and 21 will refer to 
quantities immediately to the left and im- 
mediately to the right of the first load re- 
spectively, etc. The equation of motion for small 
torsional disturbances is now 


po) = 1076 /dx?, (1) 


where po is the density of the rod and u is its 
rigidity (shear modulus). The general solution of 
(1) for harmonic waves is in the form 


0 = Aei(wt-k2) + Bei (ottkz) (2) 


with w=2z7», v being the frequency and k=w ¢. 
The torsional wave velocity is ¢=(u/po)?. The 
amplitudes A and B are to be determined in 
terms of the maximum twist velocity and torque 
per unit area at some chosen origin. The torque 
per unit area is 


L = (a*p/2)(06, dx), (3) 


if a is the radius of the rod. We shall use L as 
analogous to the excess stress in the case of 
longitudinal oscillations and 6 will replace & The 
mechanical impedance for a progressive torsional 
wave will then appear as 


—L,6=a'p.c, 2=Z. (4) 
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From (2) and (3) we have 
6 =iw[ Acie '-*2) 4 Beilottks) ), L = (ipocwa?/2)[ — Ae‘! kr) 4 Beilwttkz) (5) 


At x=0, let L = Lye“ and 6 =6,e'*". We proceed to express the constants A and Bin terms of L; and 6; 


and finally have for the angular velocity and torque per unit area as functions of x and ¢ 
6=[6, cos kx+2iL;/poca?-sin kx Je'*‘, 6) 
L=[L, cos kx+16;poca?/2-sin kx je‘. 


By using the convention respecting subscripts indicated above and by assuming that each load 
moves as a whole, the boundary conditions at the first load to the right of the origin may be written 
612 = 601 =O m, (7) 

ra?(Lo1—Ly2) = 16 =iwlby, (8) 

where 6,; is the angular twist velocity of the load itself and 6 its angular acceleration. The problem is 


to express 62 and Le in terms of 6; and Li, or more generally 6,4; and L»+: in terms of 6, and Ly. 


Using (6) in connection with (7) and (8) we get finally (J being the distance from branch to mid- 
branch point) 


62=6:[cos 2kl —wI/2ZS-sin 2kl\+iL,/Z-[sin 2kl—wI/ZS-sin? kl], (9) 

L2=L,{cos 2kl—wI/2ZS-sin 2k ]+76,Z[sin 2kl+ wI/ZS-cos 2kI]. (10) 

Herein we have set za?= S, the area of cross section of the rod. Following the method of the previous 

paper! we find for the characteristic impedance of the structure, viz., Z>= —Li/6i:= —L2/62.=--- 
- — En) 6, er a 

Zo=Z(1+wl1/2ZS-cot kl)(1—wI/2ZS-tan kl). (11) 


From (12) we see at once that for w=0, cos W=1. 
The structure under consideration therefore acts 
as a low-pass filter for torsional waves. The cut-off 
frequency for the first transmission band is 
obtained by setting cos W= —1, i.e., is given as 
the solution of the transcendental equation 


With the introduction of W, where 

cos W=cos 2kl—wI/2ZS-sin 2kl, (12) 
it follows that 
sin W=Z,, Z- (sin 2k! —wl/ZS-sin® kl) 


=Z Z,:(sin 2kl+wl/ZS-cos*? kl), (13) 


so that wl / Sa*poc =cot Rl. (17) 


6.=6; cos W-+iL, Zo:sin W, 


(14) 

Lz=L,; cos W+76,Z)-sin W. 
These equations may immediately be generalized 
to apply to the relations between 6,1, L,41 and 
6,, Ly». Changing notation and recalling the 
definition of Zo, we get 


6, i> 6,e~ = ’ 


LwwlLoe™. (15) 


There is attenuation for all frequency regions in 
which W is complex, and transmission when W is 
real. The criterion for the transmission bands is 
thus 


+12 cos W2 -1. (16) 


The results of the calculation for some special 
cases are given in Table I. The material of the 
structure is brass with density 8.5 grams ‘cm? 
and u=3.7 X10" dynes, cm*. Hence ¢ = 2.09 x 10° 
cm sec. The diameter of the main line is 1 cm 
with S=0.786 cm*. The loads are brass disks 
with J=}MR?, M being the mass and R the 
radius. In Table I, »; denotes the cut-off frequency 
in cycles per second and v2 the upper limit of the 
first attenuation band, i.e., the frequency at 
which the second transmission band begins. The 
section length 2/ is expressed in cm and 7 in 
gram cm’. 

Table I emphasizes the fact that for given J, 
increase in the length of the section decreases both 




















TABLE I. 
l I Vv} V2 
10 8.35 x 10° 148 5225 
5 8.35 x10 210 10450 
10 8.35 X10 470 5225 














v, and ve. For given length of section increase in I 
decreases v; but leaves v2 stationary. The reason 
for the latter is simply that cos 4rvol c=0, and 
hence v2 is independent of J. Unfortunately there 
are no published reports of experimental results 
using torsional filters. These general results are, 
however, what would be expected from the 
analogous case of solid compressional wave 
filters (reference 1, page 160). 


II. FILTRATION OF COMPRESSIONAL WAVES IN 
SoLip Rops WITH SOLID Rops As 
SIDE BRANCHES 


In the paper by Lindsay and White, page 165, 
study was made of the filtration properties of a 
solid rod loaded at equal intervals with equal 
flexible wires to the other extremities of which 
equal weights are attached. The problem of the 
present section is somewhat analogous, namely, 
to consider the infinite solid rod ABCD--- of 
cross-sectional area S (indicated in Fig. 2) to 
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which are rigidly attached at regular intervals of 
length 2/ perpendicular solid rods of length /,, 
which may or may not be loaded at the ends. We 
wish to study theoretically the effect of the side 
rods on the propagation of compressional waves 
through the main rod. We shall do this by 
assuming that the longitudinal compressional 
waves in the main rod set up principally trans- 
verse flexural waves in the side rods. Of course 
longitudinal waves are also produced in the 
latter, but as a first approximation we can 
neglect these as compared with the other type. 

Concentrating first on the transverse waves in 
the side branch, we write the equation of motion 
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in the form 


i+ K2c.2(d'm ‘ay*) =0, 


(18) 


where distance along the rod is denoted by y and 
the lateral displacement is denoted by 7. The 
quantity K is the radius of gyration of the cross 
section of the rod (assumed for simplicity to be 
circular) about a‘ line through its axis perpen- 
dicular to the plane of bending. The quantity c, is 
the velocity of longitudinal waves in the rod, viz., 
c,=(Y, po.)', where Y, is Young’s modulus and 
pos is the mean density. This form of the equation 
of motion? neglects the term K?(d?7 dy), which 
is equivalent to the assumption that the mass of 
each cross section is concentrated at the center 
of the rod. We shall assume that harmonic waves 
travel through the rod and set 


n= ue'*', (19) 
where « is a function of vy alone and 
w=n*?Ke,/1,*. (20) 


The Eq. (18) becomes on substitution of (19) 
with n/l,=q 


d‘u/dy* = qu. (21) 
Trying the solution in the form 
u=erw, (22) 








we get y‘=1 and hence the solution of the 
original equation becomes 
n= (Aew+ Be~w+ Ce'+ De - iquyeiat, (23) 


To evaluate the constants A, B, C, D we denote 
the values of n and its derivatives at y=0 (i.e., at 
the junction) by m1, 91’, 71", 7” (the prime of 
course denoting differentiation with respect to 
y). We then have the simultaneous equations 


i =iw(A +B+C+D), 
nm’ =q(A—B+iC-—iD), 
nm’ =@(A+B—C-D), 
ni” =g(A —B—iC+iD). 


When these are solved for A, B, C, D and the 
results substituted into (23), we get for 7, n’, 7”, 


tr 


n’’’ at any place along the side rod 
* For the derivation consult Rayleigh, Theory of Sound, 
Vol. I, p. 258 ff, 1929. Note that we use the subscript s to 


distinguish these quantities from the corresponding ones 
for the main rod. 
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4 = (iw/2)—ini/w- (cosh gy+cos gy)+m'/q: (sinh gy+sin gy) 


+71'’/q- (cosh gy—cos gy) +71’, g@- (sinh gy—sin gy) ], 


n’ =(q/2)—im/w: (sinh gy—sin gy) +m1'/q- (cosh gy+cos qy) 


+n'"/@- (sinh gy+sin gy) +1'""/ g@- (cosh gy—cos qy) ], 
n”’ =(¢/2)L—im/@- (cosh gy—cos gy) +m'/q: (sinh gy—sin gy) 


+m''/q- (cosh gy+cos gy) +m'""/g*- (sinh gy+sin gy) ], 
n’”’ =(q@, 2)L—tm/ ow: (sinh qgy+sin gy) +m’, g- (cosh gy—cos gy) 


+71'"/q@- (sinh gy—sin gy) +m'""/g (cosh gy+cos qy) ]. 


Returning now to the main rod, let the 
longitudinal displacement at any point be & and 
adopt the same convention with respect to 
subscripts as in the first section of this paper and 
the earlier paper mentioned. The boundary 
conditions at the first boundary (B in Fig. 2) 
may thus be written 


Eo=71 = £51, 


ST 2+ Bn” => ST 93. 


(28) 
(29) 


Eq. (29) results from the fact that the normal 
component of the transverse shearing force on 
the side rod is equal to —8n’’’, where 


B= Y,K°S,, (30) 


S, being the area of cross section of the side rod. 
As usual, 72 is the excess longitudinal tension in 
the main rod immediately to the left of the first 
junction and S is the area of cross section of the 
main rod. It will add to the convenience to intro- 
duce an impedance notation for the transverse 
waves in the rod. We shall set 


— Bn" /m=Zn, —Bni."/m,=Zri, 


for the mechanical impedance for the flexural 
waves at the junction and the other extremity of 
the side rod respectively. The boundary con- 


(31) 





m1, = 1/2- (cosh n+cos n)+twni'”’ 


vir Ee 
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dition (29) may now be written 


ST 2=Z 4, mt+ST 2. (32) 


Reference to the analysis of the earlier paper by 
Lindsay and White, page 166, or to the similar 
analysis of the first section of the present paper 
shows that the structure considered here will 
transmit only the frequencies satisfying the 
inequality 

—1=cos W=+1, (33) 


where now 


cos W=cos 2kl—iZ,,/2ZS*-sin 2kl, (34) 


with Z=p oc, S, the impedance for longitudinal 
waves in the main rod. To use Eq. (34) we must 
express Z,, in terms of Z,;, and then give the 
latter values appropriate to the loading at the 
extremity of the side rod. 

Now if we assume (as seems justified to a first 
approximation) that at the junction there is no 
angular velocity and no curvature of the side 
rod, we get the additional conditions that® 


mi’ =n’ =0. (35) 


Therefore Eqs. (24)—(27) yield for the 4 and »’”’ 
values at the extremity of the side rod, viz., 
y=!/,, the following 


2q*- (sinh n—sin n), 


ig*mi/2w- (sinh n+sin n)+1'""/2-(cosh n+ cos 2). 


If we divide the second equation of (36) by the first we obtain, using the definitions in (31), 


Zri, ig*/ w+ (sinh n+sin n)+Z,/B- (cosh n+cos n) 





sas ~ es 
B (cosh n+ cos 2) —iwZr,/q°8- (sinh n—sin n) 


’ Consult Rayleigh, reference 2, or H. Lamb, Dynamical Theory of Sound, p. 122 (1925). 





























200 Rs B. LINDSAY 
from which the solution for Z,, yields 
Zr —1tg*/w:(sinh »+sin n)+Zri,/8+ (cosh n+cos n) 
a 37 
B (cosh n+ cos 2) +iwZri,/q°8- (sinh n—sin 7) (32) 
In particular if the extremity is free, we have Z,,,=0 and the impedance relation becomes 
Zn —1tq*> ssinh n+sin n 
on ( ). (38) 
B w cosh n-+cos n 
while if the extremity is clamped rigidly, we have Z,:,= © and 
Zn —ig® scoshn+cos n 
” ’ (—— , ). (39) 
B w sinh n—sin n 
Returning to Eq. (34), for the case of a free end we get 
q°B sinh n+sin n 
cos W;=cos 2k/— ( ) sin 2ki, (40) 
2wZS*? \cosh n+cos n 
while for the case of a clamped end there results 
q°B cosh n+cos n 
cos W.=cos 2kl— ( ) ‘sin 2ki. (41) 
20ZS? \sinh n—sin n 
Recalling that g=n/1, and n=1,(w/Kc,)', we can rewrite (40) and (41) in the form 
B(w)} sinh (w/Kce,)J,+sin (w/Kc,) +l, 
cos W;=cos 2k! ———_——— -——_—______————— sin 22, (42) 
2pocS(Ke,)? cosh (w/Kc,)4l,+cos (w/Ke,)'I, 
B(w)? cosh (w/Kc,)*/,+cos (w/Kc,)'I, 
cos W.=cos 2k/— -sin 2kl. (43) 


Examination of (42) at once shows that for w=0, 
cos W;=1. Hence the structure with the side 
rods having free ends behaves like a low-pass 
filter. On the other hand, examination of (43) 
indicates that for w=0, cos W, becomes the 
indeterminate form 0/0. Hence to ascertain the 
characteristics of the structure with the clamped 
side rods we must evaluate this. The evaluation 
yields 


(cos W.)an0=1—61Y,K2S,/poc?Sl2. (44) 


It is clear that for certain choice of material and 
dimensions (cos W,)..0< —1. Hence this struc- 
ture with the side rods clamped at their ex- 
tremities can act like a high-pass filter. 

Let us examine the two cases with a little more 
detail, taking the free end case first. The ex- 
pression cos W; (Eq. (42)) when /, is very small 
should reduce to the corresponding expression 


2pocS(Ke,)? sinh (w/Ke,)4l,—sin (w/Kes)4ls 


for a structure consisting of a main rod, through 
which compressional waves pass, loaded at equal 
intervals with equal concentrated masses. The 
latter is (see Eq. (14) of the paper of Lindsay and 
White already mentioned) 


cos W=cos 2kl—wm/2ZS*-sin 2kl, (45) 


where m is the mass of each load, the other 
symbols having the same significance as in the 
present paper. Now when /, is small so that 
1,(w/Ke,)'<1wehavesinh1,(w/Kc,)!1,(w/Ke,)! 
and sin /,(w/Kc,)'—1,(w/Kc,)', while both cosh 
1,(w/Ke,)* and cos 1,(w/Kc,)* are unity to a first 
approximation. On substituting into (42), this 
approximation leads indeed to precisely the form 
(45), furnishing a kind of check on the formula 
(42). 

A couple of concrete examples will indicate 
briefly the order of magnitude of the expected 
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filtration properties in the two cases. Let us take 
brass rods for both main line and side branches. 
For the low-pass (free branch) case the following 
data are assumed: /=10 cm, /],=5 cm, S=S, 
=n cm’, K=0.5 cm. Calculation using Eq. (42) 
then indicates that the cut-off frequency, i.e., the 
end of the low frequency transmission band, is 
about 8000 cycles. Doubling / but keeping /, 
constant reduces this to about 4100 cycles. From 
the formula it is seen that small changes in /, 
produce in general only negligible effect on the 
cut-off frequency. For example, in the present 
illustration, doubling /, (i.e., choosing /, equal to 
10 cm) while keeping / the same, only changes the 
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cut-off frequency to approximately 8100 cycles. 

A similar calculation for the high-pass 
(clamped branch) case with ]/=15 cm, /],=2 cm 
and the other data as above, yields for the cut-off 
frequency of the first attenuation band ap- 
proximately 5900 cycles. In order that a high 
pass filter should result at all from a structure of 
this kind it is essential that //1,>>1. 

It is hoped that experiments will be performed 
to test the theoretical results presented here. 
Though the validity of the latter is restricted by 
the approximations involved, it is felt that they 
should agree in order of magnitude with ex- 
} ‘rimental findings. 
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Acoustic Filtration in Non-Homogeneous Media 


R. B. Linpsay, C. R. LEwts AnD R. D. ALBRIGHT, Brown University 
(Received October 13, 1933) 


This paper considers theoretically the propagation of 
compressional waves in a structure consisting of an infinite 
series of alternating layers of two different media which 
may be either fluid or solid. It is shown that such a struc- 
ture acts as a low-pass acoustic filter. A number of special 
cases are computed and it is found that the cut-off fre- 
quency depends essentially on the section length and the 
relative acoustic impedance of the media. The problem is 


COUSTIC filters in air have been considered 
from theoretical and experimental stand- 
points by Stewart,! Mason,? Lindsay,’ Waetz- 
mann and Noether‘ and others. Acoustic filtra- 
tion in solids has also been studied experimentally 
by Stewart and his students and theoretically by 
Lindsay and White.*® The purpose of the present 
paper is to indicate theoretically how media of 
different acoustic properties may be combined to 
produce acoustic filtration and to show the 
connection between this and filtration in air or 
other single medium. 
We consider first the structure indicated 
schematically in Fig. 1, namely, an infinite series 


I il I II 


1 12 21 2 23 32 3 
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of alternating layers of two different media 
extending in the x direction, each layer being of 
thickness 2/. The media may be either solid or 


1G. W. Stewart, Phys. Rev. 20, 528 (1922); 23, 520 
(1924); 25, 90 (1925). 

2 W. P. Mason, Bell Syst. Tech. J. 6, 258 (1927). 

3R. B. Lindsay, Phys. Rev. 34, 652 (1929). 

4 P, Waetzmann and F. Noether, Ann. d. Physik 13, 212 
(1932). 

5 R. B. Lindsay and F. E. White, J. Acous. Soc. Am. 4, 
155 (1932). See also a more recent paper by Lindsay in 
the present issue of this journal. 


shown to be mathematically quite analogous to that of 
the propagation of acoustic waves in air through an 
infinite tube containing alternate constrictions and expan- 
sions. Moreover the loaded solid filter considered in a 
previous paper by Lindsay and White proves to be a 
limiting case of the non-homogeneous medium filter of 
the present article. 


fluid, and where necessary in the case of fluids, a 
thin diaphragm is postulated to keep them in 
place. The latter is assumed to have negligible 
effect on the propagation characteristics. The 
mean densities of the two media (indicated in the 
figure by I and II) are respectively po; and pos, 
while the sound velocities in them are c; and ¢o, 
respectively. 

We suppose that plane harmonic waves are 
propagated through the structure along the 
x-axis. It is then readily shown® that for fluid 
media the excess pressure p and volume current 
X (rate of flow per second) at any point x at time 
t are 


p=(p1 cos kx —iZX, sin ba)e**, (1) 
X= (X, cos kx —ip,/Z-sin kx)e‘*!, (2) 


where the pressure and volume current at +=0 
are denoted, respectively, by pie! and X,e*. 
The quantity k is w,c=2zv/c, where y is the 
frequency of the wave. Of course, k depends on 
the medium, and will be denoted by k; and ky in 
the two media, respectively. The acoustic im- 
pedance for a plane progressive wave is Z =p c_ S, 
where S is the area of cross section of the layers 
(here assumed uniform for the whole structure). 
Z will be written Z; and Z,2 in the two media, 
respectively. For solid media Eqs. (1) and (2) 
become® 


® Stewart and Lindsay, Acoustics, p. 334. 
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T =(Ti cos kx +iZX, sin kx)e'*t, (3) 
X=(X1 cos kx +iT;/Z-sin kx)e!, (4) 


where 7, the excess stress in the solid, replaces p 
with altered sign and everything else remains as 
before. In using Eqs. (1), (2), (3), (4) we shall 
adopt the following notation. Quantities taken at 
the middle of each layer will be denoted by the 
subscripts 1, 3, 5--- if the medium is I and by 
2, 4, 6--- if the medium is II (see Fig. 1). A 
section of the structure will consist of the 
portion from the middle of one medium to that 
of the next succeeding layer of the same medium 
(e.g., from 1 to 3 in Fig. 1). Our problem es- 
sentially is to compare X,,,2 with X, for any n, 
i.e., the volume current at the beginning of any 
section with that at the beginning of the previous 
section. It must be emphasized that we are 
assuming that the layers are long enough so that 
actual wave transmission can take place in them, 
i.e., they do not move as a whole. Moreover we 
shall neglect irreversible dissipation processes. 
It is now necessary to write the boundary con- 
ditions expressing the continuity of volume 
current and excess pressure (or excess stress) at 
each interface. In doing this we shall use the 


following notation. Quantities immediately to 


the left of the boundary of layers j and k will be 
indicated by the subscript jk, while corresponding 
quantities immediately to the right will have the 
subscript kj (cf. again Fig. 1). It will be sufficient 
to concentrate our attention on the first section 
where the required relations are 


Pir=pa; pe2=pse, 


i P « : (5) 

Xw2=Xa; X23=X32, 
the p's being replaced by T’s whenever necessary. 
Since the analysis is precisely the same in all cases 
(i.e., whether interface is fluid-fluid, solid-solid or 
fluid-solid) it will be simplest to confine the 
calculations to the first and use the conditions as 
in (5). From Eqs. (1) and (2) together with (5) 
we have, dropping the time factor for simplicity, 


Pi2= pi cos kil—iZ1X sin) kl = par, (6) 
Ze — x cos k,l—ip,/Z,-sink,l = w.. (7) 
pes = por COs Id ~ iN w sin 2kel = pz, (8) 


X03 = Xo; cos 2kel —ipe:/Z2-sin 2kel = X30, (9) 
Ps = P32 cos kil —iZ1X50-sin kil, (10) 


X3= X32 cos kil—ipse/Z1-sin kyl. (11) 


Combination of Eqs. (6)—(11) inclusive enables us to write p3; and X; in terms of p, and Xj, as 


follows: 


p3= pilcos 2kil cos 2kol — $(Zo Zi1+Z; Z2) sin 2k,l sin 2kol | 





(12) 
—iZ,X {sin 2k, cos 2kel + (Z2/Z1-cos*? kil —Z1/Ze-sin? kyl) sin 2k! ], 
X3=X [cos 2kil cos 2kel —3(Z2/Z:+Z1/Zs) sin 2k sin 2kel] aa 
—ip; Zi: [sin 2k, l cos 2kel+(Z, Z2:Cos” kil—Zze Z,:sin? k,l) sin 2kel }. 
The characteristic impedance of the structure, v7z., 
Zo=pr Xi=ps, X3= + * = Doni, Xeus* 4 
is computed from (12) and (13) to be 
sin 2k,/ cos 2kel+(Z2/Z1-cos® kil —Z1/Ze-sin® kyl) -sin —] (14) 
Z = ’ 
. 1. 2k,l cos 2kel + (Z1/Zs-cos* kil —Za/Z1-sin® kyl)-sin kel 


whence if we write 


cos W=cos 2k,/ cos 2kel —3(Z 


2, Z1+Z, Z2) sin 2kil sin 2kol, (15) 
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we get 


sin W=Z, ‘Z,A=2\ Zy):B (16) 


} + 
where A is the denominator of the radical in (45) 
and B is its numerator. This immediately enables 
us to write 


bs=pie'"; X3=Xie-", (17) 
and by induction the general relations 
Ponss= Penge”; Xenys=Xeonzie ™. (18) 


For complex W one gets attenuation, while real 
W corresponds to transmission. The limits of the 
transmission bands are given by the relation 


+12 cos W2 -1. (19) 


Inspection of (15) shows that for w=0, cos W 
=+1, and hence the structure under consider- 
ation behaves as a low-pass filter for acoustic 
waves. The transmission and attenuation regions 
may be readily obtained by plotting cos W asa 
function of the frequency. We then get curves 
like that in Fig. 2 of the article of Lindsay and 
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White’ referred to above. The cut-off frequency 
of the first transmission band is given as the 
smallest solution of the transcendental equation 


2(1+cos 2k, cos 2kel) 
Z1/Z2+Z2/Z, =. (20) 
sin 2k,/ sin 2kol 


As a concrete illustration the transmission 
characteristics have been calculated for struc- 
tures consisting of various combinations of 
media. The results are summarized in Table I. 
The values of c and the ratios Z;/Z:, etc., are 
taken from Appendix I of Stewart and Lindsay: 
Acoustics. The frequency »; (in cycles per sec.) is 
the cut-off frequency of the first transmission 
band, while v2 is the upper limiting frequency of 
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TABLE I. 

Media l "1 ¥ 
Water, Mercury 5 cm 1238 5926 
Water, Mercury 10 cm 619 2964 
Water, Brass 5cm 1563 7137 
Water, Brass 10 cm 781 3567 
Water, Steel 5 cm 1628 7224 
Steel, Brass 10 cm 4788 5658 
Steel, Aluminum 10 cm 4246 8385 








the first attenuation band, i.e., the frequency at 
which the second transmission band sets in. 

The calculations show certain trends which 
may be briefly summarized as follows. For a 
given combination of media increase in section 
length involves a decrease in both »; and ve. On 
the other hand, for given section length, as the 
acoustic resistances of the two media approach 
each other there is a general tendency for both », 
and v2 to increase considerably, though the 
actual relation in this case is rather complicated 
and the rule just given does not follow very 
exactly when Z2/Z:+Z:/Z2 is rather large 
compared with unity. As might be expected, for 
media with similar acoustical properties v2—», 
may be rather small. 

It is worth while pointing out that our analysis 
leading to Eq. (15) is more general than our use of 
it has intimated. For example, we have restricted 
our attention to the case where the area of cross 
section is the same for each medium. This is 
unnecessary, for since Z=poc/S, variation in Z 
may involve change in S with or without change 
in the acoustical properties. Hence our formula 
(15) applies at once to a structure consisting of a 
succession of alternating constrictions and ex- 
pansions of a tube, as in Fig. 2, where the 
constrictions may contain a medium different 
from that in the expansions. Moreover a simple 
generalization of (15) covers the case in which 
the sections are not of the same length. Thus it 
follows without difficulty from our previous 
analysis that if the length of each constriction is 
21, and that of each expansion is 2/2, the general- 
ization of Eq. (15) is 


cos W=cos 2k,l; cos 2kols 
—3(Zo Zi+Z, Z2) sin 2k,l,-sin 2Rolo. (21) 


A few special cases of the application of the 
general formula (21) may be cited to indicate the 
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order of magnitude of the results. If the medium 
throughout is air with /;=1 cm and /2=5 cm and 
S'S, =5, we obtain v; = 1652 and v= 2202, i.e., a 
rather short initial attenuation band. If the 
medium is water with /;=/,=10 cm and S2/S, 
=3, vy, =1218 and v2=2436. If medium I is air 
and medium II water with /;=/2.=10 cm and 
S.'S,;=100, v1 =186 and v2=854. Finally the 
case where the media are steel and brass with 
,=l2=10cm and S2/S;=2, yields »;=3657 and 
ve =6569. It is clear that such structures as are 
here indicated are capable of much flexibility of 
design. 

The general formula (21) possesses an ad- 
ditional interest in its relationship to solid filters 
consisting of loaded solid rods. It is seen that if 
one of the media in the structure considered in 
the present paper shrinks to a discrete load, the 
formula (21) should degenerate to the cos W 
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expression for the case of a solid rod loaded at 
equal intervals (of length 2/) with discrete loads 
of mass m. The latter expression (Eq. (14) of the 
article of Lindsay and White referred to previ- 
ously)‘ is 


cos W=cos 2kl—wm/2ZS*-sin 2kl (22) 


with Z=poc/S. Now in Eg. (21) above, let J, 
become very small so that for moderate fre- 
quencies cos 2ke2—1 and sin 2kele—2kele. The 
load being assumed to be of the same material as 
the rod, Eq. (21) becomes, with 2k/ in place of 
2kily 


cos W=cos 2kl — (S1/S2+S2/S1)Rel2:sin 2kl. (23) 


If Ss>S;, this at once reduces to (22) with 
2pdeSe=m and Z=poc/S;. It is therefore clear 
that Eq. (22) can be considered as a limiting case 
of Eq. (15) or the more general Eq. (21). 
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Acoustic Spectrum of an Elastic Body Submitted to a Shock 


M. Biot, University of Michigan 
(Received August 14, 1933) 


$1 
HE result obtained hereafter is an appli- 
cation of a general theorem proved in a 
previous publication! of which a brief preliminary 
account will be given. 

Consider an elastic system without damping 
and its generalized coordinates u. There is a 
finite or infinite number of modes of free vi- 
brations u; sin 2zvit; u; represents either a 
surface as in the case of a two dimensional 
system, or a curve as in the case of a beam or a 
string, or even a series of a finite number of 
coordinates, as in the case of a system with a 
finite number of degrees of freedom. If we apply 
to that system certain statical loads that we call 
P there will be a corresponding statical deflection 
us; we may expand that statical deflection u, in 
terms of the amplitudes u; of the modes of 
vibration, 


u,==UC uj. 

The mentioned theorem states the following: 
if instead of being statical the loads are applied 
only during a certain time with a varying 
intensity Py(t), the amplitude of each mode of 
vibration produced in the elastic system is 

Cyuj;-2rv;F(v). 


The factor 2zv;F(v;) is dimensionless and is 
defined as follows: 


F*(v) =f 2(v) +f22(v), 


‘ 
filv) -{ ¥(r) cos 2xvtdr, 
0 


‘- 
falr)= J ¥(7) sin 2xvrdr, 


1 Rayleigh, Theory of Sound, Vol. 1, p. 131. M. Biot, 
Theory of Elastic Systems Vibrating under Transient Im- 
pulse, with an Application to Earthquake Proof Buildings, 
Proc. Nat. Acad. Sci. 19, No. 2, 262-268 (1933). 


where 7 is the total duration of the impulse and 
v; is the frequency of the corresponding mode of 
vibration 1;. 

The function F(v) is the intensity-frequency 
spectrum of the function y(t); this results from 
the Fourier integral, 


co 


y(t) = 2f fe) cos 2rvtdv+ of fo(v) sin 2rvtdy, 
0 0 


$2 


This theorem will be applied to the case where 
y(t) is represented by a rectangular curve of 
ordinate 1 (Fig. 1), corresponding to a constant 


1 
ik | t 


Th fp 
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force acting during a finite time 7. This is of 
course an approximation for the actual case of a 
shock, but the qualitative properties of the 
phenomenon will not be affected. 
the preceding formulas, 


By applving 


+7 /2 


filv) -{ cos 2rvrdr=sin rvT/ rv, 
7 9 


je 


2arvF(v) =2 sin wrT. 


The load applied is represented by Py(t); a 
statical load P will give to the system deflections 
u,, Which can be expanded in a series of modes of 
vibration u; as follows: 


te = XC it;. 
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The amplitudes of vibration of each mode after 
the shock will be, 


2Ciu: sin rv;l or 


2Cwu; sin r(T/T,), 


where v; and 7; are respectively the frequency 
and period of the mode 1;. 

This shows a group distribution of energy 
among the modes of vibration (Fig. 2) and is in 
accordance with experimental facts.’ 


Amplitudes 


_ eaoern o 


Frequency 
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$3. APPLICATION TO A STRING 


Consider a string of length 2/ under a tension 
Q (Fig. 3), if we call 7 the fundamental period 


Q P Q 
——— a me fi oul. - a 
ee 
; 
Fic. 3. 


of vibration all the symmetrical 
vibration are proportional to 


modes of 


TX t 
cos (2n+1) —sin (2n+1)2x7— n=0,1,2-- 
2/ T 
The amplitudes u; of the modes considered 
previously are in this case, 


Uons1=Ccos (2n+1)(rx/2l). 


*E. Meyer and G. Buchmann: Die Klangspektren der 
Mustkinstrumente, Sitzungsberichte der Preussischen Akad- 
emie der Wissenschaften, Physikalisché Mathematische 
Klasse, December, 1931, p. 707. 


A load P is supposed to be applied at the middle 
of the string. The shape of the statical deflection 
is a triangle with a maximum deflection f at the 
middle. 

We have to expand this triangular curve in a 
series of modes ten41. 
Fourier series, 


In this case it is a 
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-— COS —— ++]. 
Hence the amplitude of ea 
composing the statical defleci 
8f 
$e co . 


(2n+1)?x? 





C Qn+1llensi = 


The frequency of each mode i: 
1/T;=(2n+1) 


Using then the previous théo: 
the amplitudes of vibratign 
string when the load P 
definite time 7. The am 
after the shock is, 


16f 1 
nr? (2n+1)? 


broduced in the 
yplied during a 
it@e of each mode 


T 
l)x —. 


0 


e T=Tp> all the 





sin (2n 


It will be noticed that in cz 
amplitudes are zero. 

If the time T of application of the load is very 
short, sin (2n+1)x(T/T ), for the lower fre- 
quencies, may be replaced by (2"+1)x(T/T»), 
and the amplitudes of the lower modes become, 


16f 1 T 
x (2n+1) T; 





The relative amplitudes are proportional to the 
terms of series, 1, 3, 3, ---. In practical cases 
(piano) the time T is conditioned by the softness, 
and the velocity of the striking hammer. Al- 
though the pressure diagram in this case is not 
rectangular, it is believed that a qualitative 
result is obtained by the preceding analysis. 
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Resonance in Soft-Walled Cylinders 


Jack C. Corton, Phonetics Laboratories, Ohio State University 
(Received June 2, 1933) 


PRELIMINARY DISCUSSION 


HE mathematical treatment of resonance 

as displayed by enclosed volumes of gas 
usually begins with certain simplifying as- 
sumptions, one of which is that the enclosing 
walls be considered perfectly rigid. This as- 
sumption may be justified experimentally for 
resonators made of metal, baked clay, or other 
hard materials, but if the resonant gas volume be 
enclosed in a soft flesh-walled cavity, for instance, 
considerable deviation from the theory is to be 
expected. It is with such soft-walled cavities 
that we must deal in studying the human voice. 
We shall briefly consider the chief functions 
ascribed to resonance in voice production, noting 
especially some of the points where the soft, 
yielding character of the resonator walls has been 
taken into consideration. 

Ferrein,! Willis,? Wheatstone® and Helmholtz* 
are responsible for much that is now generally 
accepted with regard to “voice resonance.’’ Thus, 
Helmholtz explains that the vowel sounds differ 
from each other because of the predominance of 
certain frequency regions in the complex glottal 
tone, these regions being different and character- 
istic for each vowel. The existence of these 
definite frequency regions of greatest energy 
concentration has been repeatedly experimented 
upon and checked since the time of Helmholtz, 
particularly through the work of Miller’ and 
Crandall.* Helmholtz states further that selective 


1 Antoine Ferrein, de las Formation dela Voix del’ Homme, 
1741 in l’Histoire de l’Academie, etc. 

2 Wilfrid Willis, On Vowel Sounds and on Reed Organ 
Pipes, Trans. Cambridge Phil. Soc. 3, 231 (1830). 

3’ Sir Chas. Wheatstone, Westminster Review, October, 
1837, p. 27. 

4Helmholtz, Sensations of Tone, Ellis translation, 5th 
Ed., Longmans, 1930. 

5 Miller, Science of Musical Sounds, 2nd Ed., Macmillan, 
1922. 

6 Crandall, The Sounds of Speech, Bell Syst. Tech. J. 4, 
586-626 (1925). 


resonance of the vocal cavities acting on the 
complex glottal tone is responsible for the 
presence of these characteristic regions. 
Although the assumption that cavity air 
volume ;cesonance is solely responsible for all 
vowel and voice quality differences is. still 
generally held, certain investigations on the 
physiological side of the problem indicate that 
other influences may be at work. Numerous x-ray 
photographs made by Russell’ of subjects during 
normal speech show conclusively that different 
size cavities produce the same vowel and vice 
versa. He suggests two possible explanations for 
this apparent failure of the air volume resonance 
theory and presents evidence for both. First, he 
suggests that variations of tension, density and 
similar influences in the cavity and aperture 
walls and variations in the structure of the 
cavities themselves may be of importance in 
modifying vowel and voice quality through a 
muffling or filtering effect. Thus the predomi- 
nance of the low frequencies in the vowel « as in 
“boot”? may be due as much to the attenuation 
suffered by the high frequencies through this 
soft surface effect as to any cavity resonance 
acting on the low frequencies. His second 
suggested explanation is that the glottal tone 
quality itself may be varied in producing the 
various vowel or voice tone qualities. Motion 
pictures made by Russell® of the glottal lips 
(vocal cords) during speech reveal a characteristic 
change of appearance of the interior larynx and 
glottal lips for different vowels, suggesting an 
altered glottal tone quality in such cases. 
Scientists writing on the subject of voice have 
differed materially in the importance they ascribe 
to the reaction of the vocal resonators on the 
sound source, the glottal lips. In most wind 


7G. Oscar Russell, The Vowel, Ohio State University 
Press, 1928, and Speech and Voice, Macmillan, 1931. 

8G. Oscar Russell, Physiological Causes of Voice Quality 
Differences, Carnegie Inst. Year Book, No. 30; pp. 463-471. 
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blown musical instruments the resonator controls 
the frequency of the vibrator. West® assumes a 
corresponding influence of the vocal cavities over 
the vibration frequency of the glottal lips. 
Lamb,'® though not assuming so radical a control, 
states (page 287) that the glottal lips act like 
reeds of small elasticity and are mainly controlled 
by the reaction of the resonant chamber. 
Helmholtz,‘ on the other hand, states (page 
100) that because of their soft yielding walls, the 
vocal cavities are unable to affect the vocal cord 
tone, the cord frequency being controlled by 
variation of the cord tension. This latter view is 
supported by experiments conducted by Negus" 
using an actual larynx coupled to a variable 
resonator (page 390). 

Scripture” recognized the necessity for em- 
ploying soft-walled cavities in constructing 
vowel-speaking models. The ‘‘water resonator”’ 
which he used will be referred to later. 

Paget has constructed numerous vowel- 
speaking models of plasticine and other materials. 
He comments on the rise of resonant frequency 
found for soft-walled resonators as compared 
with hard-walled resonators of similar dimen- 
sions. This resonant pitch rise, he says (pages 
69, 219), may be considered as the additive effect 
of a great many small apertures in the walls of the 
resonator. This explanation, though perhaps 
helpful, seems hardly adequate. Crandall" re- 
marks in a footnote (page 95) that there are two 
effects of soft walls in a tube transmitting sound: 
first, the effective stiffness of the contained 
medium is diminished, causing a lowering of the 
wave velocity therein; second, because of dissi- 
pation in the wall and lateral radiation from it, 
the wave in the contained medium suffers 
increased attenuation. The first of these effects, 
apparently, would presuppose a lowering rather 
than a raising of the resonant frequency for a 
soft-walled resonator. Crandall’s observations, 


®* Robert West, The Nature of Vowel Sounds, Quart. J- 
Speech, 12, 244-295 (1926). 

1°Lamb, The Dynamical Theory of Sound, 2nd Ed., 
Arnold, 1931. 

" Negus, The Mechanism of the Larynx, Mosley, 1931. 

2 E. W. Scripture, The Nature of Vowel Sounds, Nature 
106, 632-634; 664-666 (1921). 

5 Paget, Human Speech, Harcourt Brace, 1930. 

“ Crandall, Theory of Vibrating Systems and Sound, D. 
Van Nostrand, 1927. 
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however, apply when the stiffness of the wall and 
of the contained medium are comparable, whereas 
the walls with which we are concerned have a 
very small coefficient of elasticity. 

A few more questions requiring further experi- 
mental investigation concern transient oscil- 
lations in soft-walled cavities, the influence of the 
practically fixed sub-glottal or chest cavities on 
the laryngeal tone, the characteristics of complex 
coupled cavities such as are found in the vocal 
mechanism, etc. These and other unsettled 
questions are responsible for the great confusion 
prevalent among speech and voice specialists 
wherever resonance is concerned. 


THEORETICAL CONSIDERATIONS 


The cylindrical resonator was chosen for 
investigation in the present study because of its 
ease of construction, its simplicity of mathe- 
matical treatment, and because this type of 
cavity is shown by Russell’s x-rays to be most 
common and characteristic for human speech and 
voice quality differences. 

The discussion of reed organ pipes given by 
Lamb" (Section 90) is directly applicable to rigid- 
walled cylindrical resonators. Assuming a piston 
sound source at the closed end of a rigid-walled 
cylinder of length /, a relation is found between 
the amplitude of the sound wave at the source, 
and the amplitude at the mouth of the cylindrical 
resonator. Omitting the derivation, we have the 
following ratio, 


C/A = (ik?w/4) sin Rl, 


where C is the amplitude at the source, and A the 
amplitude at the resonator mouth. The 7 term 
indicates a } period phase difference between C 
and A;k has its customary meaning of frequency 
divided by the velocity of sound, or 27/d; 
= cross-sectional area of the cylinder. 

This theoretical value for the ratio C/A is 
valuable for comparison with experimental de- 
terminations of the ratio, whether using a rigid- 
walled resonator or not. This ratio might be said 
to indicate the “resonant power”’ of a resonator. 
Thus, an experimentally determined ratio, C/A, 
should be of value in comparing resonant 
characteristics as a function of the wall material. 

In the experimental work being reported, the 
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sound output from a loudspeaker type source 
was adjusted to a given level as measured in a 
condenser microphone circuit. In the curves 
shown later, this ground level in all cases was 
0.75 volt. A resonator was then coupled to the 
source and a second reading taken. This second 
reading is the one plotted in the various curves 
to indicate the frequency characteristics of the 
resonators. 

Of course we cannot assume that the dia- 
phragm amplitude at the source remains constant 
after a resonator is coupled on, since this coupling 
may change the external impedance of the dia- 
phragm radically. Hence, the curves included in 
this paper cannot be used for determining the 
ratio C/A at resonant frequencies. To obtain this 
ratio some method is required whereby the 
amplitude of the diaphragm or piston source may 
be readjusted to its previous value after a 
resonator is attached. 

One experimental sound source developed in an 
attempt to secure the ratio C/A is shown 
schematically in Fig. 1. The meter in the carbon 






Sound Source Carbon Button 
Diaphragm Microphone 
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Fic. 1. Experimental sound source with carbon-button 
microphone for observing diaphragm amplitude. 


button circuit indicates any change in the 
diaphragm amplitude after coupling on a reso- 
nator. In all cases tried, this amplitude dropped, 
often radically, when a cavity was attached 
which was resonant at the frequency being used. 
This was to be expected, since the supply of 
energy to the sound source was not increased 
after attaching the resonator, and yet much 
more of the available energy was radiated as 
sound due to the action of the resonator. 

Let us briefly consider one case of resonance 
using the formula developed by Lamb. For a 
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plasticine resonator (Fig. 3C) there was a strong 
resonant point at 760 cycles. In this case, the 
values for 1, w and X, respectively, were, 14 cm, 
2.84 sq.cm and 47.3 cm. Applying the formula 
we obtain A =237C. Hence, if the amplitude at 
the source remained constant after attaching the 
resonator, we would expect the sound intensity 
to be increased by a factor 237°, an intensity 
level increase of approximately 47.5 db. Actually 
the increase was 28 db, so that for the ratio C/A 
to hold even approximately as calculated, the 
value of C, the amplitude at the source, must 
have decreased considerably after attaching the 
resonator. This was found to be the case. 


EXPERIMENTAL PROCEDURE 


The apparatus used in this work was described 
at the Ann Arbor meeting of the Acoustical 
Society, November 29, 1932. An abstract of the 
report is given in the society journal. 

An assistant within the sound-proof booth 
removed the resonator each time the frequency 
was changed so that the sound intensity with 
resonator removed could be kept at a constant 
level. This adjustment involved a resetting of the 
output from the oscillator each time the fre- 
quency was changed, so as to obtain an equal 
sound intensity at all frequencies as indicated in 
the condenser microphone circuit. For the limited 
frequency range in these experiments (200 to 
1800 cycles) about fifty points were taken for 
each curve. This procedure was followed to 
remove as much as possible of the distortion due 
to resonance of the diaphragm itself. In the 
investigation of short horns reported by Steele,’® 
no attempt was made to compensate for the 
resonant effects of the telephone unit sound 
source. 


RESULTS 


Fig. 2A shows the resonant peaks of the sound 
source unit employed in these experiments. In 
making this curve the voltage output from the 
oscillator was maintained constant as the fre- 
quency was varied. The curve indicates the 


%J. C. Cotton, The Resonant Characteristics of Soft- 
Walled Cavities, J. Acous. Soc. Am. 4, 175 (1933). 

16 B. L. Steele, Effect of Horns of Short Length on Intensity 
of Sound from a Telephone Unit, Phys. Rev. 31, 482-487 
(1928). 


eH = 6D 


‘yw 


RESONANCE IN 


sound output of the sound source as measured in 
the microphone circuit. The ordinates in all cases 
are measured in volts output from the condenser 
microphone after amplification. ; 

Fig. 2B indicates the resonant characteristics of 
a spherical ‘‘water resonator’”’ similar to the one 
described by Scripture. This resonator consisted 
of a layer of absorbent cotton sewed over an 
approximately spherical wire frame 14 cm in 
diameter having an orifice 3 cm in diameter. The 
wire frame weighed 17 grams; the dry cotton, 
26.1 grams. When wet, the resonator weighed 345 
grams, indicating the presence of about 300 cc of 
water in the cotton. Scripture used a similar 
resonator in his attempts at artificial vowel 
production, but remarked that such a resonator 
“responds equally well to all tones of a siren 
whether harmonic or inharmonic.’’ As may be 
seen from the curve, its resonant peak in this 
case is only a little broader than those obtained 
with the cylindrical plasticine resonator, the 
curve for which is seen in Fig. 3C. The maximum 
amplitude at resonance is quite low, too, con- 
sidering the relatively large volume of the 
enclosed air. 

The curves in Fig. 3 were all made with 
cylindrical resonators of the same size, 14 cm in 
length and 1.9 cm in diameter. The resonator 
used in 3A was made of meat; that for 3B, of wet 
packed cotton waste; for 3C, the resonator was 
made of plasticine. These resonators were formed 
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Fic. 2. A, resonant characteristics of the sound source, 
using constant voltage input. B, resonant characteristics 
of a “water resonator.”” The dashed line indicates the 
sound intensity level without the resonator attached. 
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Fic. 3. Resonance curves for three cylindrical resonators, 
all of like dimensions. The dashed lines indicate the sound 
intensity level without the resonator attached. A, flesh- 
walled cylinder; B, wet packed cotton waste cylinder; C, 
plasticine cylinder. 


about a round brass rod which was then removed, 
leaving a smooth hole of the desired size. The 
meat resonator was made by packing ground 
beef-steak into the space between the brass rod 
and a sheet metal tube 5.5 cm in diameter, thus 
giving a uniform wall thickness of 1.8 cm. The 
wet cotton waste resonator was made in the same 
way. The thickness of the plasticine resonator 
wall varied between 1 and 2 cm. The weight of 
the plasticine resonator was 260 grams; its 
density, 1.42. For the cotton waste resonator 105 
grams of dry cotton waste was used, which 
weighed 238.6 grams when wet, indicating the 
presence of 133.5 grams of water. The density of 
this wall material was about 0.82. 292 grams of 
meat was used in the meat resonator, its density 
being almost exactly 1.0. 

The plasticine resonator provided the nearest 
approach to rigid walls, and as expected, 
responded most nearly in accordance with the 
theory. Its natural frequency, calculated on the 
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basis of a pipe closed at one end and with an end 
correction factor, 8R/3z, is 550 cycles. This 
value checked quite closely when the tube was 
actually closed by a rigid wall at its end, but the 
coupling with the sound source caused the drop 
indicated on the curve. Note that the odd 
harmonics are present as the theory predicts, 
except that the third is lower than it should be,— 
an interesting observation perhaps accountable 
for in the coupling with the sound source. 

A number of points of difference between these 
three curves are evident at a glance. The most 
outstanding feature is the large difference in the 
heights of the resonant peaks. Stated in sensation 
level units, the maximum resonant peak heights 
for the three resonators are 10.1 db (flesh), 6 db 
(wet cotton waste), and 28 db (plasticine). 
Furthermore, because of the drop in diaphragm 
amplitude referred to in a preceding section, the 
difference in their ‘‘resonant powers” as ex- 
pressed by the ratio C/A would probably be still 
more striking. 

It is also of interest to note that a perceptible 
rise in the resonant frequencies for the softer 
walled cavities is evident. 

The single pronounced peak for the meat- 
walled resonator and the almost even harmonic 
sequence of peaks for the cotton waste resonator 
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are interesting points for which we present no 
explanation as yet. 


CONCLUSIONS 


These experiments are preliminary to a more 
complete research program which is now in 
progress. We hope soon to repeat these experi- 
ments with an improved sound source especially 
designed for this work. The following conclusions 
may be drawn from the work so far completed: 

(1) Soft walls greatly limit a _ resonator’s 
ability to radiate energy from a given source. 

(2) The fundamental resonant frequency of a 
soft-walled cavity is higher than for a similar 
rigid-walled cavity. 

(3) Harmonics of the fundamental resonant 
frequency of a cylindrical soft-walled cavity do 
not follow in their normal odd harmonic order. 

(4) Plasticine forms a much more nearly rigid 
wall than flesh, and thus cannot be used for 
accurately representing a vocal resonator. 

(5) A ‘‘water resonator” has a distinct resonant 
frequency and does not respond equally well at 
all frequencies. 

I am indebted to Dr. G. Oscar Russell for his 
suggestions and assistance at various stages of 
this work. 
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I LLL 


po 
ad 
sn 
to 
ca 





JANUARY, 1934 $s 





VOLUME V 


Amplification of Small Bells 


A. N. Curtiss, RCA Victor Company, Inc., 
AND 
G. M. GIANNINI, Curtis Institute of Music 


(Received November 9, 1933) 


HE rapid progress of electrical amplification 

of sound has brought with it many 

possibilities in the field of music. One such 

advantageous possibility is the substitution of 

small bells with suitable means for amplification 

to take the place of the large and heavy bells in a 
carillon. 

There are several objections to the use of large 
bells in a carillon. They require a heavy tower 
construction which is costly, the bells themselves 
are expensive and the bells are not of the same 
tone quality throughout the musical range of a 
carillon. The change of tone quality of the bells 
is due to a change in the design of the bells of the 
upper register from that of the lower bells in 
order to get sufficient volume from these small 
bells. Also the playing action of the large bells as 
generally used today is large, bulky, and rather 
strenuous to play. 

Several advantages of electrical amplification 
are less weight, less space required in tower; in 
fact only sufficient space for proper size of 
loudspeakers is necessary. The rest of the equip- 
ment such as the amplifiers, the small bells with 
their pickup device could be placed in some out of 
the way place. The small bells could be struck 
electrically or mechanically but either way the 
striking action and clavier would be much smaller 
and easier to operate than the present clavier for 
large bells and lastly the output of the small 
bells may be amplified to practically any required 
sound level. 

Measurements have been made on the intensity 
of sound of an actual set of bells of a carillon in 
order to determine the amount of audio power 
necessary from a set of loudspeakers to cover 
adequately a given territory with the same 
efficiency as a set of bells. By basing the required 
amount of volume on these measurements and 
by considering the noise level existing at the time 
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of these tests and their effect on the ability to 
hear clearly any passage of music the bells are 
interpreting, a definite relation was established 
on the audio power required to cover a certain 
locality with given noise levels. This is an 
important advantage of audio amplification over 
large bells because the noise level may be de- 
termined for any location and an audio power 
output specified which will give good reception 
for bell music on that location. 

From previous tests on large bells, it has been 
noted that the general shape of a bell has a great 
deal to do with its harmonic content and pleasing 
tone. Taking these facts into consideration a set 
of small bells (14) was made by the John Taylor 
Company of Loughborough, England. These 
small bells are listed in Table I. All except Bell 
No. 15 were designed with a thin waist and no 














sound bow. Bell No. 1 is a tenor bell about 
TABLE I. 
Time to 

Frequency Weight reach 45 Type of 
Bell Note (cycles) (g) db (sec.) clapper 
1 c 129.3 1065 9 Soft 
2 G 387.5 600 8 Medium 
3 A 435.0 7 si 
+ 1= 460.8 6 re 
5 B 488.2 a _ 
6 ¢ 517.3 b _ 
7 Cz 548.0 5 . 
8 D 580.6 460 6 - 
9 Dz 615.1 6 o 
10 E 651.7 5 
11 F 690.5 5 x 
12 Fz 731.5 6 * 
13 G 775.0 5 bes 
14 Ge 821.1 275 4 _ 
15 Ge 821.1 1150 10 * 

(Thick) 

16 C 4138.4 30 13 Wood 








The frequencies as specified in this table to which 
most bells are tuned does not cover these small bells. 
Being experimental bells, these bells were not exactly 
pitched as can be noted in the following table. 
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fifteen inches high and about ten inches across the 
top. The smallest bell No. 16 is about three 
inches high and one and three-quarters across the 
lip. Bell No. 15 is of a design similar to the heavy 
bells of a carillon and has a thick waist and 
sound bow. 

A preliminary test of the small bells was made 
with amplification on a two-hundred watt 
amplifier and speaker. A velocity microphone 
was placed about four feet from the bells on a 
line with their effective sound bow. Comments 
were solicited from a number of persons and 
they all seemed to agree that the thick waisted 
bell was the most pleasing and sounded the 
closest to the tones of heavy bells. These small 
bells were not perfect in tune and had beats 
which were disconcerting when the bells were 
played rapidly. The thin waisted bells sounded 
rather harsh because of the relation of the upper 
harmonics of these bells to their strike note. 
These harmonics almost covered the strike note. 
This result brings up the question of designing 
amplifiers which attenuate the higher frequencies 
to a level of good tone balance in these small bells. 
Such conditions have been observed with other 
percussion instruments which have overtones of 
the higher order, the same as these small bells. 
The overtones are of varying intensity and 
attenuate rapidly while the frequency response 
curve of a good amplifier is flat over the frequency 
band in question which makes the faithful 
reproduction of bells and other percussion 
instruments difficult. The intensity of the over- 
tones creates an impression of harshness and 
because of the rapid variations, the ear cannot 
become accustomed to the correct relation that 
exists. This necessitates an amplifier of such a 
frequency response that it attenuates the higher 
partials of the small bells without limiting the 
range of such a set of bells. Several such ampli- 
fiers may be necessary because of the range of 
bells from 120 cycles to 16,500 cycles. 

In making a study of these small bells, 
measurements were made with a calibrated 
oscillator on the strike note of each bell of the 
time required for each bell to attenuate to 
45 db sound level from the same force of strike, 
and in several cases, of the weight of the bells. 
The data are recorded in Table I. In this test the 
velocity microphone was placed three feet from 
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the bell under test. The initial intensity was 60 
db. 

From the original group of bells, several bells 
were chosen to make an analysis of the placement 
of their partials. A calibrated oscillator was used 
again together with a microphone placed about 
three feet from the bell and on the same level as 
the sound bow. The calibrated oscillator was 
coupled into the same amplifier as the micro- 
phone, so that the source of sound of oscillator 
and bell was the same. Location of the partials 
was found by the beat note method. The tone 
analyses of Bells No. 1 and No. 6 are shown in 
Table II. The analyses of Bells No. 14 and No. 15 
are shown in Table III and will be spoken of 
later. Referring to No. 1 Bell in Table II, it may 


TABLE II. Frequency content of bells. 











Pitch Pitch 
in in 

Bell No. 1 cycles Bell No. 6 cycles 
Hum note 65 Hum note 250 
Strike note 132 Strike note 500 
Third 162 Third 625 
Fifth 195 Fifth 750 
Nominal 758 Nominal 1005 
Tenth 345 
Twelfth 389 


Bell No. 14 given as thin bell in Table IV. 








TABLE III. Radiation characteristic of bell (thick bell). 











Energy flux 
density 
(micro- 

watts cm*) 


0.3150 


Energy flux 
Sound density Sound 
level (micro- level 
Degrees (db) watts/cm?)|Degrees (db) 





0.0335 


0 77 100 87 

10 15:5 .0240 110 85.5 .2250 
20 74.5 .0190 120 82.5 .1100 
30 ri .0335 130 79 .0550 
40 82 .1000 140 77 0335 
50 84 .1550 150 75.5 .0240 
60 85 .2000 160 72 .0105 
70 86.5 .2750 170 71 0084 
80 87 .3150 180 70 .0066 
90 8&8 .3900 








be seen the harmonic content does not follow the 
numerical relation advanced for larger bells of 
1, 2, 2.4, 3, 4, 5, and 6. The relation of this bell 
appears as 1, 2.03, 2.49, 3, 3.97, 5.3 and 6. This, 
however, seems to follow the results of tests 
made on large bells as given in a recent paper! 


1 Curtiss and Giannini, Some Notes on the Character of 
Bell Tones, J. Acous. Soc. Am. 5, 159 (1933). 
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by the authors. Bell No. 6 follows the relation of 
1, 2, 2.5, 3 and 4.2. The higher partials of this 
bell were abundant but were closely bunched 
and of about the same intensity. 

In this set of small bells under test there were 
two bells tuned to approximately the same pitch. 
One of these bells (14) was thin waisted with no 
sound bow. The other bell (No. 15) of Fig. 1 was 





Trin BELL 


Trick Bec 


Fic. 1. 


shaped the same as large bells having a thick 
waist and a sound bow. A close analysis was 
made of both bells which is recorded in Table 
IV. A number of persons were questioned as to 
which of these two bells was the most pleasing in 
tone and character. The general opinion was 
that the thick waisted bell was the most pleasing 
when amplified. About the only difference in 
these bells is that the thick bell did not attenuate 
as rapidly, possessed several inflection points 
and the hum note was much weaker than the 


TABLE IV. Comparison of thick and thin bells. 








Thick 


Sound level in db 
Struck with medium clapper 60 db 75 db 
Time in seconds to reach 45 
db level 4 sec. 10 sec. 
Weight of each bell 275 ¢ 1150 g 
Decrement (time in sec.) 70 
db (strike) 
65 db 0.8 sec. 0.6 sec. 
60 db 2.0 sec. 2.0 sec. 
50 db 4.4 sec. 8.0 sec. 
Time appearance of curve 
inflections points after 
strike None 1.2 1.8 2.4sec. 
Harmonic frequencies Pitch in Pitch in 
strength cycles cycles 
Hum note 394 (fair) 390 (weak) 
Strike note 789 (strong) 780 (strong) 
Third 1057 (fair) 1059 (fair) 
Fifth 1190 (weak) 1167 (weak) 
Nominal 1576 (fair) 1560 (fair) 
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hum note of the thin bell. Of these differences the 
most prominent was the decrement of attenuation 
and inflection points. These inflection points are 
peaks or humps in the attenuation curve of a bell 
after strike. These points are caused by a partial 
reaching maximum volume after strike. Any 
note which contains a number of inharmonic 
partials that appear at various times after strike 
should have sufficient body to last long enough to 
take away any harshness or jumble. If such a 
note is rapidly attenuated as was the case of the 
smaller bells, the note leaves the impression of 
overbalance with higher harmonics. The in- 
flection points are rather important too. Each 
one of these points represents one of the har- 
monics building up in the note after strike. 
When the attenuation of the bell is not rapid and 
these important harmonics are allowed to build 
up slowly and then attenuate, the complete tone 
of the bell is rounded and pleasing. With the thin 
bells no such inflection points were found which 
means all the harmonics were present at strike 
and attenuated at the same rate. This does not 
follow the pattern of the heavy bells of a 
carillon. 

While making tests on these small bells it was 
thought of general interest to obtain a sound 
radiation characteristic of a bell. Because the 
small bell (No. 15) which was patterned after 
large bells corresponded to large bells in tone 
analysis and attenuation, it was assumed it 
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Fic. 2. Sound radiation characteristic of a bell. 
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would give the representative radiation charac- 
teristic of large bells and of all bells generally. 
For this purpose Bell No. 15 was mounted in a 
horizontal position with means for rotating 
through various angles before a velocity micro- 
phone and the calibrated noise meter, as shown 
in Fig. 2. 

The radiation characteristic as found shows 
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that most of the energy comes from the sound 
bow at an angle of 90° from the axis of the bell. 
Very little radiation occurs either at the mouth 
of the bell or the top support. The radiation 
characteristic is shown in Fig. 3. 

The bells used in this test were of two entirely 
different designs. From the results of each pattern 
as may be deduced Tables II and IV, the bell 
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with the thick waist and sound bow is much 
more desirable for tone. The only disadvantage 
of this type is the weight incurred for the lower 
range bells. A compromise in design for the lower 
bells will no doubt have to be made in order to 
keep these bells within the limit of small bells, 
This arrangement of design would probably only 
be necessary for the lower eight notes, considering 
the C below Middle C as the lowest. 

Along with a redesign of the small bells, some 
thought will have to be given to amplifiers and 
pickup devices which will correctly attenuate 
certain undesirable higher harmonics. All per- 
cussion instruments seem to offer this problem in 
some manner. To attenuate the higher harmonics 
does not mean the elimination of the upper 
partials. The partials of a bell as listed in 
previous paragraphs are essential for the full 
tone of a bell. In fact for good response of bell 
tones it would be desirable to carry the frequency 
range to 15,000 cycles. The problem is the 
attenuation of a quantity of certain harmonics 
which bunch up immediately after strike and 
tend to give a harsh tone to the bell. Producing 
small bells with enough mass to create inflection 
points in the attenuation curve and careful 
design of amplifiers should give pleasing and good 
competitive results to the large cumbersome 
bells. 

The radiation characteristic of a bell as shown 
in Fig. 3 shows a striking comparison to a semi- 
directional loudspeaker taken in one plane. The 
sound bow in this case is the voice coil and the 
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sides of the bell the horn. The mouth of the bell 
which would seem to be the horn of the me- 
chanical actuator is almost a dead spot. Greatest 
radiation takes place at the sound bow and occurs 
mostly along the outside surface of the bell. 

Fig. 3, indicates that a stationary bell gives 
just as much sound output from a tower as a 
pealing bell. The only advantages to a swinging 
bell is that it tends to break up any standing 
waves that may exist in a tower and to distribute 
the sound a little more evenly. But it is reason- 
able to say that our present system of mounting 
bells stationary is just as efficient for sound 
radiation as a set of swinging bells. 

An oscillogram was made of the thick walled 
bell in one test and is added to show the character 
of attenuation. Six rotations were made by the 
drum holding the film at the speed of ten 
revolutions per second. This picture gives a good 
idea of the tone content of a bell. See Fig. 4. 
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CONCLUSIONS 


Small bells with proper amplification seem to 
be much more desirable for use in carillons than 
the large heavy bells that have been in use for 
centuries. Heavy bells require large and heavy 
towers which are costly to build and maintain in 
this age. A great many towers of today, whether 
church or public building, are not large or strong 
enough to take a set of large bells. Many of the 
owners of these towers are anxious to obtain a 
carillon without added expense of rebuilding 
their tower. Small bells with amplification offer 
one solution. 

The authors of this paper wish to express their 
appreciation to the John Taylor Company of 
Loughborough, England for specially casting and 
supplying the several types of small bells used in 
the tests described in this paper. 
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Acoustical Society News 


The Tenth Annual Meeting of the Society was 
held December 4 and 5 in Chicago at Thorne 
Hall of Northwestern University. A program ar- 
ranged by P. E. Sabine, Wallace Waterfall and 
F. R. Watson included twenty-five papers on 
various subjects as shown in the program printed 
elsewhere in this issue. The dinner given Monday 
evening was well attended and was followed by 
an amusing program managed by G. P. Little. 
In the evening lecture on Psychology of Music, 
Dean Seashore discussed his interesting investi- 
gations of the ‘‘vibrato”’ in singing and in playing 
musical instruments. 

. 

At the Council meeting, a movement was 
started to enlarge the membership of the Society. 
There is a large number of prospective members 
interested in acoustics who can doubtless be in- 
duced to join the Society,—physicists, psychol- 
ogists, musicians, radio, electrical and mechan- 


ical engineers, etc. Members of the Society are 
asked to assist this program by personal invita- 
tions and by suggesting names to the Secretary. 
Literature and membership application blanks 
can be obtained from Mr. Waterfall. 


The next meeting of the Society will be held in 
New York City, April 30-May 1. Mr. H. A. 
Frederick is Chairman of the program committee. 
The following meeting of the Society in 1934 will 
be a joint session with the American Physical 
Society and the A. A. A. S. in Pittsburgh during 
the Christmas holidays. 


The deaths of two members of the Society 
during the past year are noted; Dr. H. D. Arnold, 
as reported in the October Journal, and Mr. 
Rupert V. Markham, Sydney, Australia. 
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Book Review 


Einfiihrung in die Tonphotographie (Introduction to Photographic Sound 
Recording). JoHN EGGERT AND RICHARD Scumipt. Pp. 137. S. Hirzel, 
Leipsig, G. E. Stechert, New York. 8.50 Marks, $3.15 (Based on Mark 


at $0.37). 


To one who can read technical German, this 
book should serve in an excellent way the pur- 
pose implied in the title, of affording a general 
acquaintance with the subject, and it will also 
constitute an excellent reference work. 

The first 48 pages are devoted to general prin- 
ciples and descriptions of various systems of 
photographic recording. The opening chapter is 
an elementary description. There follow chapters 
on sound and on distortion to acquaint the reader 
with the principal concepts which will be needed 
later, description of recording and reproducing 
systems, including some information about light 
sources and photo-cell spectral sensitivity, and a 
chapter on the problem of securing uniform film 
velocity. The authors have made no attempt to 
educate the reader in general physics, acoustics 
or optics, but assuming an adequate understand- 
ing of these, show the special problems and appli- 
cations. In view of its immediate bearing on the 
photographic results, some additional space 
might well have been devoted to luminous effi- 
ciency and aberration in optical systems. As the 
authors state, the purpose of the first part of the 
book is to give the reader sufficient general 
knowledge to better approach the photographic 
problems which are the main subject of the book. 
These preliminary chapters, while necessarily 


very condensed, cover a great deal of ground and 
give the reader an excellent idea of the many 
problems encountered, the brevity of the text 
being compensated by generous use of illus- 
trations. 

The remainder of the book deals in much 
greater detail with film characteristics, sensitom- 
etry, distortion resulting from photographic 
causes, photographic measuring methods and 
equipment, ground noise and its reduction, and 
film resolution and high frequency response, with 
data on certain special sound recording films. As 
might be expected in the case of a high grade 
foreign publication, some points of view and 
facts are brought out, which have received little 
or no attention in the literature published here. 

A welcome feature of the illustrative curves is 
the employment of definite scales with units spe- 
cified, thereby conveying useful information in 
regard to the orders of magnitude to be expected, 
and increasing the value of the book as a con- 
venient reference. 

The authors have made use of material pub- 
lished in America as well as abroad, and have 
included a brief bibliography. 


E. W. KELLOGG 
RCA Victor Company, Inc. 
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1. Acoustic Control by Liveness Constant. W. J. ALBER- 
SHEIM AND J. P. MAXFIELD, Electrical Research Products, 
Inc. 

This paper deals with a more detailed analysis of the 
acoustic constant of enclosed spaces discussed by the 
authors at the May, 1932 meeting of the Acoustical Society 
of America. It also presents further experimental data for 
single channel reproduction corroborating the theoretical 
discussion. By a proper use of the liveness constant, elec- 
trically reproduced speech and music of pleasing character 
may be obtained from halls having very widely different 
reverberation characteristics. 


2. A Selective Microphone for Use in Acoustic Altim- 
eters. L. P. Detsasso, University of California at Los 
Angeles. 

A modification of Bragg’s amplitude meter is applied 
to a resonant diaphragm, associated with a parabolic 
horn, to provide a highly selective microphone. When 
used with an impulsive source of sound it makes possible 
the measurement of distances as low as 10 ft. while in the 
presence of sounds comparable to those in aircraft. 


3. Acoustics of a Board of Trade Room. F. R. Watson, 
University of Illinois. 

The acoustical problem of a board of trade room is 
quite different from that of an ordinary auditorium. 
Instead of a single speaker and a quiet audience, there is 
a group of perhaps 200 traders all yelling at the top of 
their voices, with attendant noises of a considerable number 
of telegraph instruments and loud calls for messenger 
boys. The acoustic problem is to ascertain the conditions 
which will promote the possibility of one trader being 
heard in the general uproar by other traders. Calculations 
are given for the loudness of one trader’s voice compared 
with the loudness of the group, also the reenforcing effect 
of the ceiling and sidewalls. The conclusion is drawn that 
individual traders can be heard in much the same way 
that individual instruments are distinguished 
orchestra. 


in an 


4. Reverberation Measurements of Sound Absorption 
Coefficients. Paut E. SaBpine, Riverbank Laboratories. 
A comparison is made of the results of the measurement 
of the absorption coefficients of twenty-five commercial 
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materials by the organ pipe and ear method with the 
results obtained by measuring the rates of decay by elec- 
trical means. A consistent variation in these results is 
shown, which can be explained by assuming a slight 
departure from linearity in the time versus logarithmic 
intensity relation. 


5. Reverberation Time and Absorption Measurements 
with the High Speed Level Recorder. E. H. BEDELL Anp 
K. D. SWARTZEL, Jr., Bell Telephone Laboratories. 

The high speed level recorder described by Messrs, 
Wente, Bedell and Swartzel may be used in many types 
of acoustical measurements. It is particularly well adapted 
to the measurement of reverberation time, however, be- 
cause with a single interruption of the test tone a con- 
tinuous curve of sound intensity during the decay period 
is obtained on a logarithmic scale. The level recorder has 
recently been modified so that measurements can be made 
through an intensity range as great as 90 db. This paper 
presents some data obtained with the level recorder on 
reverberation measurements in a sound chamber, and 
includes an investigation of the accuracy of the results 
as affected by the intensity range through which measure- 
ments are made, the use of rotating reflectors, warble 
tones, a number of loudspeaker and microphone positions, 
and a number of microphones simultaneously, placed at 
different locations in the chamber. 


6. Effect of Distribution and Location of Acoustical 
Material upon Its Sound Absorption. \V. L. CHRISLER, 
Bureau of Standards. 

Experimental data are presented showing that the 
absorption of an acoustical material depends upon the 
size of the surface of the acoustical panel as well as its 
location and the manner in which the panels are distributed 
around the room. This phenomenon depends to some 
extent on the frequency of the sound. Most of these 
measurements were taken in the laboratory but a few 
measurements have been taken on installations in various 
buildings. Measurements taken in the field agreed with 
those taken in the laboratory. 
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7. The Absorption of Sound in Oxygen as Influenced 
py the Presence of Other Gases. V. O. KNUDSEN AND 
H. O. KNESER, University of California at Los Angeles. 

The authors recently have described experiments which 
show that the absorption of audible sound in oxygen is 
strongly influenced by the presence of water vapor. [J. 
Acous. Soc. (Oct., 1933).] The present work describes the 
effects produced when other gases are mixed with oxygen, 
such as He, H2, CO, COx, NHs, H2S, CCl, C2H;OH, C2He, 
C,He, and other hydrocarbons. Of these gases, all except 
CO and CO; produced effects similar to that produced by 
water vapor, that is, as the concentration of the foreign 
gas was increased from zero the absorption coefficient m 
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increased to a maximum and then decreased. In every 
instance the maximal value of m coincided with that 
previously obtained for oxygen and water vapor (10 10~ 
cm at 3000 cycles and 2010-4 cm at 6000 cycles), 
but the concentration at which the maximal absorption 
occurred was very largely dependent upon the kind of 
foreign gas mixed with the oxygen. Thus, a trace of 
C,H,OH was sufficient to give the maximal absorption, 
whereas concentrations of the order of 10 to 50 percent 
were required for such gases as H2 and He. For all admixed 
gases, with the exception of water vapor, the concentration 
at which the absorption is a maximum is proportional 
directly to the frequency. 
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SYMPOSIUM ON ARCHITECTURAL ACOUSTICS 


8. The Place of the Acoustical Materials Industry in 
the Acoustical Society of America. WALLACE WATERFALL, 
The Celotex Company. 

Brief history of the connection between the acoustical 
materials industry and the formation of the Acoustical 
Society of America and a statement of the purposes for 
which the Acoustical Materials Association has recently 
been formed. 


9. History of the Use of Acoustical Materials. HAROLD 
R. BERLIN, Johns- Manville Corporation. 

A summary of the development and use of commercial 
sound absorbents and some problems in their manufacture 
and sale. 


10. Architectural Appraisal of Sound Absorbents. M. A. 
SmitH, United States Gypsum Company, Chicago. 

This paper considers the various physical and archi- 
tectural properties, other than that of mere sound absorb- 
ing efficiency, that affect the value of commercial absor- 
bents, and attempts to present a rational basis for the 
appraisal of such materials by the architect. 


11. Writing Acoustic Specifications. S. K. WoLFr AND 
G. V. T. BurGcess, Electrical Research Products, Inc. 

The writing of acoustic specifications is in such a chaotic 
and unformed state that it suffers enormously in com- 
parison with the well-ordered and fundamentally sound 
practices which have been built up in specifying the char- 
acter of other parts of a building structure. This paper 
discusses the several phases of the existing problem, sug- 
gests methods of handling them, and reviews the work 
now being done to settle many of the questions which 


face the acoustic engineer. The objectives sought in the 
specification of acoustic material characteristics for noise 
reduction and for control of reverberation, and in the 
specification of sound insulative construction, and degrees 
of quiet in the operation of mechanical equipment are 
outlined. The sound frequency range to be considered, the 
method of measuring and checking the performance of 
specifications, the probable limits of accuracy of such 
measurements and the units and reference values to be 
used are discussed. The conclusion states the need of 
further work by acoustic material manufacturers, research 
engineers, and testing laboratories to provide the specifica- 
tion writer with all the information needed. 


12. An Architect’s Views on Acoustical Problems. 
WituiaM J. Smitu, Childs and Smith, Architects, Chicago. 


Discussion of Symposium Papers, led by Mr. Carl A. 
Erikson, Schmidt, Garden & Erikson, Architects, Chicago. 


13. Reverberation Measurements in Auditoriums. G. T. 
STANTON, F. C. Scumip, W. J. Brown, Jr., Electrical Re- 
search Products, Inc. 

The purpose of this paper is to present some of the 
results obtained in the measurement of reverberation in 
auditoriums. The methods used are described and certain 
limitations pointed out. Examples of decay curves ob- 
tained with a high speed level recorder under differing 
conditions are shown, and their relationship to reverbera- 
tion time discussed. The results and their discussion are 
supplementary to other work in this field, and are offered 
at this time as an indication of present day opportunities 
for study of sound decay conditions. 
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ILLUSTRATED LECTURE 


Psychology in Music. 


Car E. SEAsHorRE, Pu.D., Professor of Psychology, State University of Iowa. 
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14. Phonetic Frequency Distribution in Formal Ameri- 
can Pronunciation. CHas. H. VOELKER, Columbus, Ohio. 

The speech of radio announcers was chosen as approach- 
ing the norm for a formal type of general American 
Speech. 5946 radio announcements were studied. The 
announcer was identified through the mail after his pro- 
gram had been phonographically recorded through a 
vertical cut electrical recording head directly from the 
radio onto a wax record. These records were played and 
replayed until certainty as to just which sounds occurred 
could be ascertained. These records totalling 665,094 were 
recorded in phonetic notations (I.P.A.). The occurrence 
of each sound was counted and the data tabulated into 
frequency tables. The relative percentages of occurrence 
of each sound were determined and compared. 


15. Cavity-Wall Influence in Cavity Resonance. J. C. 
Cotton, Ohio State University. 

Since the walls of the resonant cavities concerned in 
voice production are non-rigid in character, a study of 
vocal resonance might well begin with an experimental 
investigation of various soft walled cavities. The apparatus 
being used in this study was described at the Ann Arbor 
meeting of the Society, November 29, 1932. Results of this 
investigation reveal a number of important differences in 
behavior from that predicted by the theory based on 
“perfectly rigid walls.” Among these differences are: a 
higher fundamental resonant frequency; a radical decrease 
in the amplification of the driving tone at a resonant 
frequency; a reduction or loss of resonant response at 
harmonics of the resonator’s natural frequency. 


16. The Origin of the Threshold of Feeling in the Ear 
and Its Relation to Artificial Hearing Aids. Scott N. 
REGER, State University of Iowa. 

By means of a beat-frequency audio-oscillator, amplifier 
and a calibrated sound reproducer capable of high acoustic 
output levels it was found that 27 observers with complete 
bilateral hearing loss, due either to congenital defect or 
meningitic infection, but with normal tympanic mem- 
branes, possessed average value thresholds of feeling. This 
finding is interpreted to signify that the threshold of feeling 
is not causally related to stimulation of the acoustic 
portion of the eighth cranial nerve. The threshold of feeling 
in 33 ears lacking tympanic membranes because of the 
radical mastoid operation or prolonged otitis media was 
raised 20 db or more above the average values for normal 
ears, which suggests that the end organs responsible for 
the threshold of feeling are located within the tympanic 
membrane and epithelium lining the combined middle ear 
cavity and external auditory meatus. Individuals with 
pronounced hearing loss and intact tympanic membranes 
cannot tolerate high levels of sound amplification in a 
headphone to enable perception of speech sounds because 
of the pain elicited when high amplification stimulates the 


threshold of feeling. Individuals with equal hearing logs 
but lacking tympanic membranes can use sufficiently high 
levels of sound amplification to enable perception of speech 
sounds without arousing unpleasant sensations in the ear, 


17. Responses to. Vibrations Received Through the Skin, 
Louis D, GoopFELLow, Northwestern University. 

This paper presents some of the results of research on 
the senses of touch and vibration and the extent to which 
they can be used to interpret the vibrations of speech and 
music when the highly developed ear ceases to function, 
First, the author discusses the nature of the senses of 
touch and vibration—their neurological basis, the limits 
of frequency and intensity within which they function, 
and their capacity to discriminate subtle differences in 
pitch, intensity and quality. Other data on the senses of 
touch and vibration such as differences in sensitivity 
depending upon the part of the body used, and the indi- 
vidual observer, illusions of hearing due to vibratory 
stimulation, a comparison of auditory and tactual sensi- 
tivity, and the localization of the source of a vibrating 
body complete the description of the senses of touch and 
vibration. After a review of the research of Professor 
Robert H. Gault and his attempt to apply these data in 
developing a means of communicating with the deaf 
through these lower senses, the author presents available 
data on contemporary research in this field and a descrip- 
tion of the Gault-Teletactor, the apparatus used for trans- 
mitting the vibrations of speech and music to the finger 
tips of the deaf. 


18. Interpretations of Vibro-Tactile Experiments. Rop- 
ERT H. GAutt, Northwestern University. 

Touching is primitive “hearing.”” The human ear is 
properly described as a highly developed organ of touch. 
In the course of evolutionary development leading to our 
ear, there appeared what is probably rightly called a 
“sense of vibration.’”” The author’s current experiments 
involve a ‘sense of vibration.” This suggests the following 
question: Has the ear concentrated in itseif all the “‘hear- 
ing” function that in early stages of phylogenesis was very 
widely distributed throughout the organism? Many thou- 
sands of observations in our wide variety of experimental 
situations, as well as the work of Dr. Katz in Rostock and 
Dr. v. Frisch in Munich, point to the negative of this 
question and support a phrase that was used by the late 
Dr. Victor Vaughn in his mention of some of our earlier 
work: “‘We hear not only with our ears but with our whole 
bodies.” There is no possibility of answering the question 
whether the practiced deaf in our experiments acquire the 
feeling that is the quality of hearing in normal subjects. 
It is at least plausible. From a psychologic angle the 
acquisition of the rudiments of spoken language and of the 
ability to interpret it in our procedure go along the same 
lines as in the usual normal situation. 
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19. Synchronized X-Ray and Oscillographic Speech 
Records. G. Oscar RussELL AND JosE PaLomo, Ohio 
State University. 

The synchronization of physiological and physical speech 
studies would seem to be the logical next step in analyses 
of their characteristics. Not only should a study be made 
of the physical characteristics as manifest in the oscillo- 
graphic record, but the physiological position at any exact 
instant should also be known if a complete understanding 
js to be had. It is obvious that both records will have to be 
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automatic. The x-ray exposure time will have to be reduced 
to at least 1/120th of a second if a study of normal speech 
is to be made. Prolonged or sung vowels are not charac- 
teristic of normal speech. Consequently such x-ray pro- 
cedures have long since been discarded by careful investi- 
gators. Since motion picture x-rays consisting of 1/120th 
of a second are not yet feasible, the instantaneous x-ray 
exposure used in this study is chosen as the next best 
technique. Sound picture records likewise synchronized 
therewith serve as a check back on the final resultant. 


TUESDAY, DECEMBER 5, 2:00 P.M. 


SYMPOSIUM ON PHONETICS 


20. Some Problems in Phonetics. CLARENCE E. Par- 
MENTER, University of Chicago. 


21. The Consonant—An X-Ray Analysis of Its Vocal 
Organ Modifications by Other Sounds. G. Oscar RUSSELL, 
Phonetics Laboratories, Ohio State University. 

Since, as the Abbé Rousselot, Scripture, Panconcelli- 
Calzia, Crandall and a large number of others have pointed 
out, consonant sounds are of very short duration, analysis 
of their physiological characteristics by means of the x-ray 
demands an automatic and very rapid technique. This is 
especially true of the unvoiced occlusives. Particularly in 
English. Notably in intervocalic positions. Likewise in 
certain combinations where laws of assimilation operate. 
But some unvoiced fricatives are also of very short dura- 
tion. Crandall gives the mean for “‘p,” “‘t,” “k” and the 
unvoiced “th” as 0.05 sec. But the actual consonant 
contact or characteristic entity is obviously less than half 
that length. That demands an x-ray time of at least no 
more than 1/120th of a second. Also an absolutely auto- 
matic opening of the exposure taking place with contact 
or rather a fractional few thousandths of a second after 
this central phase position has been assumed. That we 
have been able to accomplish in this study. Consequently 
the resonance cavity dimensions throughout the whole 
length in median plane can now be ascertained, even for 
these very fleeting sounds, and one must no longer be 
required to fake their position entity by an artificial pro- 
longation, as has of necessity been done in all the casual 
studies heretofore undertaken. One of the moot questions 
which can also now be studied is that about which Crandall 
and Paget disagreed. That involves consonants which can 
even be prolonged such as “‘l.”” The question was whether 
these might normally show varying positions, and con- 
sequently resonant cavities ‘depending on the associated 
vowel.” But it is even more important to know that fact 
concerning the above-mentioned fleeting consonants. For 
the whole question as to the actual importance of resonance 
cavity effects in creating the characteristic entity of each 
consonant is obviously involved. 


22. Pitch and Intensity Characteristics of Connected 
Speech. JosEpH TirFin, University of Iowa. 

Curves of fundamental pitch and relative intensity, both 
graphed against time, were obtained from approximately 





200 subjects. The pitch curves were obtained from oscillo- 
grams and from the strobophotographic camera (to be 
described briefly). The intensity curves were obtained by 
means of a high speed output-level indicator, equipped to 
give a photographic record (to be described). The subjects 
were divided into groups according to speech training and 
experience and separate analyses made of the data from 
each group. Spoken material both factual and informa- 
tional in content was used, separate analyses again being 
made for each type of material. The major results consist 
of a statistical summary of the pitch and intensity char- 
acteristics of these voices speaking under the different 
conditions. A treatment of the réle of pitch and intensity 
in determining emphasis, or stress, and the effect of emo- 
tional expression on these sound wave factors, will also be 
included. 


23. The Application of Modern Instruments to the 
Study of Phonetic Problems. J. C. STEINBERG, Bell 
Telephone Laboratories. 

A description of the flow of speech, one that shows how 
the different physical properties of the waves change with 
time, and also how the changes are interpreted by the ear 
as changes in sensation, is of considerable importance in 
the study of phonetics. Theoretically, such a description 
can be obtained by analytical methods from an oscillo- 
graph record, but the labor involved is very great indeed. 
Consequently, it would be desirable to have instruments 
to show these changes directly. An oscillograph record of 
a short phrase has been analyzed to show how the fre- 
quency of the voice fundamental, the intensity of the 
wave, and the resonant frequencies and damping of the 
vocal cavities changed with time as the phrase was spoken. 
From these properties, the time variations in the corre- 
sponding sensations, i.e., pitch, loudness and quality, were 
obtained. These results indicate some of the problems that 
are encountered in applying instruments to the study of 
phonetics. 


Discussion of Symposium Papers led by Dr. Harvey 
Fletcher, Bell Telephone Laboratories. 
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24. A Physical Definition of ‘‘Good Voice-Quality” in 
the Male Voice. Witmer T. BARTHOLOMEW, Peabody 
Conservatory of Music, Baltimore, Md. 

The problem of the timbre of the speaking voice has 
been studied by various investigators. However, little 
extended work has been done with the singing voice, 
which it appears is considerably different from the normal 
speaking voice. The key to a much-needed revision and 
“codification” of many methods of teaching voice lies in a 
precise knowledge of what physiologic and acoustic phe- 
nomena are taking place in ‘“‘good” and in “poor” tone- 
production. This paper summarizes the results of a three 
year investigation to determine the ideal frequency char- 
acteristics of good voices, as a first step in laying the foun- 
dation for a scientific pedagogy of voice. Nearly a thousand 
oscillograms have been taken, each long enough to include 
at least one complete cycle of the voice-vibrato. They 
comprise various qualities from best to poorest from over 
40 male and female voices of all degrees of training, at 
frequent points throughout the pitch series, on various 
vowels, and at various intensities. A study of these records, 
including harmonic analysis to 30 components of a selected 
group of 46 wave forms, brings to light four definite 
characteristics of good voice-quality, which are discussed 
together with their physiologic implications. 
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25. Exhaust Mufflers for Automotive Engines. C. fF. 
NELson, Burgess Laboratories. 

The important frequencies encountered in the exhaust 
noise of an automotive engine are discussed and the means 
described by which these frequencies are attenuated. Ap 
analysis is made of the baffle muffler as compared to the 
direct flow absorption and resonator type of muffler. 


26. The Loudness Level of Random Noise. WALTER A. 
MacNarr, Bell Telephone Laboratories. 

A calculation according to the method of Fletcher and 
Munson is made of the loudness level of noise of the random 
type such as “thermal agitation” noise. The comparison is 
made that noise of this type changes in loudness level 5 
decibels for every 3 decibels change in intensity level if 
this level is between 0 and 40 decibels above threshold, 
the range in which noise is frequently heard; whereas the 
loudness level of speech changes about 3 decibels for every 
3 decibels change in intensity level if this level is greater 
than 60 decibels above threshold, the range in which speech 
is usually heard. 


27. The Transmission Loss Attainable by Alternate 
Layers of Rigid and Flexible Materials. C. A. ANprex, 
University of Wisconsin. 
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